JOURNAL OF THE 


AUDIO 


ENGINEERING 
SOCIETY 


COMING 


Fourth Annual AES 
West Coast Convention 


Me VOLUME 3 NUMBER 3 JULY 


| 
+2 : 
= 9 
: AF * we | 
: / . 
; Py & 
: vy*s ee 2 
ae = 4 
+ => ‘e , 4 
ae | 7 
af e “~ "4 
4 | | 
i . 4 
= | 
% a4 3 
ot if 
“ : 
2 3 
ie ve 
ie * 
oa 4 
. VY | 
: : 
iy 2 
ee 1»: 6 4 : 
ay = 
=. 


THE PURPOSES OF THE SOCIETY 


The Audio Engineering Society is an organization rep- 
resenting the profession whose field is the recording, trans- 
mission, and reproduction of those frequencies audible to 
the human ear. Its objects are the advancement of the 
theory and practice of audio engineering and its closely 
related arts, and the dissemination of important informa- 
tion in this field to its membership. The Society seeks to 
continue the progress which has been made in audio en- 
gineering since the days of the original telephone and 
continuing through the early microphones, loudspeakers, 
and amplifying devices. Many of the electronic develop- 
ments familiar to us today, such as broadcasting, sound 
motion pictures, and radiotelephony, had their beginnings 
in audio engineering. 

Each year the Society gives the following awards: The 
Emile Berliner Award for an outstanding development in 
the field of audio engineering, the John H. Potts 
Memorial Award to the person who has made an out- 
standing contribution to the improvement of audio en- 
gineering, and the Audio Engineering Society Award to 
the person whose work has helped most the advancement 
of the Society. Honorary Memberships and Fellowships 
are awarded for past contributions to the profession. 


PUBLISHING 


Papers presented before conventions or meetings of the 
Society are often published in the Journal of the Audio 
Engineering Society, which is sent quarterly, without 
charge, to all members. Back issues of the Journal are 
available at reduced member prices. Occasional mailings 
are also made of news bulletins to members. 


MEETINGS AND SECTIONS 


The Audio Engineering Society holds conventions in 
the fall and winter of each year, during which technical 
Papers are presented and exhibits made by manufacturers 
of equipment used in the audio field. No charge is made 
to members for admission to the conventions. In addi- 
tion, local sections have been organized in various parts 
of the country, and abroad, which meet regularly for the 
presentation of technical papers and discussion of sub- 
jects of interest. Those members desiring to learn of 
sections in their vicinity or to form new sections should 
correspond with the Secretary. 
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Transient Behavior of Electric Wave Filters” 


Lestie Norpet 


Motorola Research Laboratory, Phoenix, Arizona 


A present-day technique of solving transient problems by means of tables of transform pairs is 
here discussed. With the aid of these tables, the solution of the network differential equations is 


reduced to relatively simple algebraic manipulations. 


The complete results of such solutions yield 


not only the transient terms but the steady-state solutions as well. 


INTRODUCTION 

E VERY ESSENCE of electrical communication is the 

control of the flow of electric power in accordance with a 
message. In telephony, for example, the flow of power is 
varied by the vibrations of the sounds of speech; in teleg- 
raphy the intelligence is conveyed by suitable groups of 
power pulses. Examination of any communication channel 
reveals the interesting fact that power, controlled by intelli- 
gence, is never in a steady-state condition, but is always in a 
state of random transition from one level to another. If 
this is so, then the common practice of specifying electric 
filter performance by a steady-state frequency response is 


* Originally presented in preliminary form on June 8, 1954 before 
the New York Section of the Audio Engineering Society, New York. 

t Staff engineer; formerly Chief Receiver Engineer, The Hammar- 
lund Manufacturing Co., Inc., New York, N. Y. 


apparently absurd, since, in practice, no steady-state condi- 
tion exists in any communication system where such filters 
are commonly used. This apparent absurdity, however, is 
not absurd at all, because the relation between the steady- 
state frequency response and the transient response is not 
arbitrary. The relationship is so close, in fact, that the 
following two statements can be made: 


1. The transient response of any network is completely 
defined by its steady-state complex-frequency response.! 


2. The transient response of any ladder® network is com- 


1E. A. Guillemin, Communication Networks, Vol. II, pp. 474-475, 
John Wiley & Sons, New York, 1943. 

2 A ladder network is one which has no alternate or bridging ele- 
ments for the flow of power. A good example of a ladder network is a 
number of constant-K filter sections in cascade. 
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pletely defined by the absolute value of its steady-state fre- 
quency response. 

Because of these facts, it is possible to define filter per- 
formance, or that of any other network, by s;-ecifying either 
its transient or its steady-state sinusoidal response. The 
choice of the method depends on convenience or on the use to 
which the network is put. It is frequently the case that 
filters employed in telephone or audio systems are specified 
in terms of their steady-state response. Filters used in 
control and servo systems, however, are specified by their 
transient response. 


CLASSICAL CIRCUIT ANALYSIS 

The development of the transient solution of networks 
must necessarily start with the basic differential equations of 
electric circuits. These equations describe the behavior of 
networks in dynamic equilibrium. The transient solution is 
really the solution of these network equations for the appli- 
cation of arbitrary voltages. 

Rather than present such equations in a general form and 
thus probably bore and confuse the reader, a simple specific 
circuit will be assumed and the corresponding differential 
equation will be written. 

Since every electric network in general is composed of in- 
ductances, resistors, and capacitors, a simple circuit of L, R, 
and C in series will be assumed as illustrated by Fig. 1. A 


fio} Ga 
BS, 


4 


or 
u(t) - %-%-¢ #e 


Fig. 1. Elementary electric circuit showing Kirchhoff’s law. 


voltage generator, v(t), is shown applied to the network 
causing a current, i, to flow. The generator voltage, the 
current, and also the voltage drops, vz, Vg, Ve, are each some 
function of time. 

In accordance with Kirchhoff’s law, therefore, the follow- 
ing equation is true: 

v(t) = vp + UR — Vo 
It is also clear that if 
- = the rate of change of current 
t 


q = charge on the capacitor at any instant, 
then 


di 


a L— 
dt 
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Furthermore, it is a well-known fact that the charge on a 
capacitor, C, is the time integral of current from the start of 
current flow to the time considered. Therefore, the network 
differential equation may be written as 


aE 
v(t) =L—+ Ri+— | iat (1) 
dt Cc J, 


In order that the integro-differential equation, eq. 1, may 
be made perfectly general, the initial conditions must be in- 
cluded. In other words, if at the time of application of v(t), 
the current and charge in the circuit are not zero, then the 
voltage drops caused by such initial quantities must be ap- 
propriately added to eq. 1. Specific treatment of initial 
conditions is given in Appendix IT. 


THE LAPLACE TRANSFORM 


The solution of eq. 1 expresses the current (i) as a specific 
function of time. The current in any one circuit is always 
determined by both the applied voltage functions and the 
characteristic of the network. 

Equation 1, which is representative of the types in circuit 
problems, could be solved by a straightforward classical 
method. In practice, however, the complexity of the equa- 
tions is such that the classical solution becomes complicated 
and, at times, laborious. It is principally for this reason 
that transient problems today are usually solved by means 
of a table of transforms.’ As will become apparent below, 
the table of transforms is used in a manner similar to that 
in which tables of logarithms or trigonometric functions are 
used. Once the value of these tables of transforms is un- 
derstood, the solution of electrical (and, by analogies, also 
mechanical) transient problems is reduced to algebraic 
manipulations. 

These tables of transforms are based on the Laplace or 
Fourier transforms, which have been known for a long time 
but have come to be widely applied only in the past two 
decades. 

As is pointed out in Appendix I, the idea behind these 
transforms is somewhat similar to the harmonic analysis of 
periodic functions of time by means of the well-known 
Fourier formulas. If a complex voltage wave is applied to 
a linear circuit, the Fourier analysis permits the computa- 
tion of the harmonic components of the applied voltage. 
The response of the network can then be computed for each 
of the frequency components. The overall network response 
is finally the sum of the individual harmonic responses. 

Similarly, the Laplace transform, considered in this paper, 
permits the computation of the corresponding frequency 
components of a monperiodic time function. The network 


3G. A. Campbell and R. M. Foster, Fourier Integrals for Practical 
Applications, D. Van Nostrand Co., New York, 1947. 
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response is then computed for these frequency components, 
and the overall time response is evaluated by finding the time 
function corresponding to the overall frequency response. 
The above manipulation involves two basic processes: 

1. Given a nonperiodic time function, compute the cor- 
responding frequency spectrum. 

2. Given a frequency spectrum, compute the correspond- 
ing nonperiodic time function. 

Actual computation is seldom necessary, because many of 
the useful functions and their spectrum expressions have 
been tabulated.* 

The tables of transforms conventionally have two col- 
umns—a column of time functions and a column of cor- 
responding frequency functions in terms of the frequency 
variable, ». The specific application of the tables will be- 
come evident in the following: 

Suppose the transforms illustrated by Table I are applied 


TaBLE I. Elementary Transforms. 


Function of complex 


Function of time, t frequency, p 
v(t) V(p) 
i I 
di 
ae I 
dt . 


iat i 
o P 


Note: These transforms are correct when the initial charges and 
currents are zero. 


to eq. 1; then the transformed equation becomes 
I 
V(p) = Lpl + RI + — 
pc 


and, because the complex frequency, p, in the above equation 
behaves as an algebraic quantity, the equation can be re- 
written 


vi) =[n+R+—]1 (2) 


Solving for J and clearing fractions in the denominator, one 
obtains 


V(p) pc 


LCp? + RCp+ 1 
Equation 3 expresses the current explicitly as a function of 
the applied voltage spectrum and circuit spectrum. This is 
evident if one considers 


Cc 
G(s) = — 
LCp? + RCp +1 


V(p) = applied voltage spectrum 
I= V(p)G(p) 


(3) 


== network spectrum 


(4) 
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It is necessary at this point to stop and examine the above 
development more in detail to bring out some of the more 
subtle points. Examination of Table I shows: 

1. Every function of time, ¢, is transformed to a function 
of the complex radian frequency, p. 

2. Every differentiation with respect to time is transformed 
to a simple multiplication by the complex frequency, p. 

3. Every integration with respect to time is reduced to a 
simple division by the complex frequency, ?. 

In order that the transformations be valid, the time func- 
tions must be zero for negative values of time, i.e., all volt- 
ages and currents must be zero except for the finite constants 
corresponding to the initial conditions of charge and current. 

The complex angular frequency variable, p, although hav- 
ing no physical significance, is analogous to the conventional 
real angular frequency, ». The complex variable, p, is com- 
posed of a real and an imaginary part, each of which is in- 
dependently variable. The value of p locates a single point in 
the complex p plane where the coordinates are a and jx when 


=a-+ jx j=V-1 

It is evident, therefore, that a differential equation similar 
to eq. I can be reduced to an algebraic equation in p by 
means of a table of transforms. Consequently, the depend- 
ent variable, J, can be solved explicitly in terms of the ap- 
plied voltage and the network parameters. The resultant 
solution is of the form of eq. 4. 

If our table of transforms were more extensive and con- 
tained a time function, i(f), whose transform mate is 
G(p) V(p), then i(t) (the solution) could be located from 
the known transform mate. 

The solution of the transient problem, therefore, can be 
outlined from the above as follows: 


and 


1. Write the integro-differential equations of the network. 

2. With the aid of the table of transforms (Table I), 
transform the equations into complex spectrum equations. 

3. Solve explicitly for the desired unknown. 

4. From a table of transforms find the time function cor- 
responding to the spectrum function of the unknown solved 
for. 

An examination of eq. 2 shows further that if 

pL = inductive reactance to frequency p 


oe = capacitive reactance to frequency p 

pc 
then the writing of the integro-differential equations can be 
omitted and the transformed spectrum equations can be 
written directly in a manner similar to that in which simple 
steady-state circuit problems are written.* 


4L. Norde, “Modern Methods of Filter Design,” J. Audio Eng. 
Soc., I, 186-198 (April, 1953). 
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Accordingly, the solution of transient problems involves 
the following steps: 

1. Write the Kirchhoff equations of the network using the 
complex frequency variable, p, and the applied voltage trans- 
form. 

2. Solve for the desired unknown. 

3. Find the time function from a table of transforms. 


It is now possible to solve a simple problem illustrated by 
Fig. 2. The problem is to compute the voltage across the 
capacitor after the switch is closed. 


Close at time t =o 
Fic. 2. 


Elementary electric cireuit with unit voltage step ap- 
plied. 


The closing of the switch at time ¢ = 0 indicates that 
the analytical description of the applied voltage is that of a 
unit step. Therefore, from Table II, No. 1, V(p) = 1/9, 
and consequently 


1 I 
—=pl+14+— 
p p 


is the required spectrum equation. Solving for J, one ob- 
tains 


1 
P+ p+ 


The capacitor voltage is 


I 


(i.e., current impedance). Therefore 
1 
Ve — = 
p(p? + p+ 1) 

Before this equation can be used with Table III (Useful 
Transforms for Filter-like Networks), the denominator must 
be factored. After some algebraic manipulations, therefore, 

1 
C — 
pl p + 0.5 — j0.866] [p + 0.5 + j0.866] 
This has the form of No. 4 on Table III, with 


pi = 0.5 — j0.866 
P'1 = 0.5 + j0.866 


V 


TaBLeE II. Transforms of Applied Voltage Functions. 


V(p) 


No. 


a... oe 


Normalized unit 
impulse 


e = Napier base, 2.71828. 


The corresponding time function is 


1 1 = 
Vo = - : 
Pipi pi-hi 


After the numerical values of p; and ’; have been substi- 
tuted and the terms collected, the final answer becomes® 


sin (0.866) 
= fn e0-5t [ 
1.73 
This function is illustrated by Fig. 3. 


m c0s(0.8661) | 


/ 


RESPONSE OF CONSTANT-K FILTER 


The preceding explanation of the use of a table of trans- 
forms was accomplished with the aid of the simplest electric 
circuit in order to present the general principles. For the 
sake of simplicity, several important features of this method 


5It should be noted that p — a + jx, and the identities sin x 
p> 50 je 4 jz 
=-—_— and cos x = - - : were used in the simplification. 
2j 
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were left out. In order to show the general procedure of 
computing transients, the following practical Problem will 
be worked out: 

Given a single-section constant-K filter, as illustrated by 
Fig. 4, find the output voltage across the output load as a 
function of time when the illustrated square voltage pulse is 
applied. The first step of the solution is to write the two 
equations for two circuit meshes directly in terms of the 
complex frequency spectrum equations, as was explained 
above: 


V(p) = [e+ 0+—— ]u-— 


o=—— + [R+o+—]h 


After the substitution of the numerical values of the circuit 
elements, the equations may be solved simultaneously for J2: 


Ps V(p) 
2(p* + 2p? + 2p + 1) 
Since the load resistance is unity, the output voltage in spec- 
trum form is the same as that of the current: 


V(p) 


~—-2(p + 2p? + 2p + 1) 
The spectrum of the applied voltage pulse can be obtained 
from Table II, No. 2. Note that for this case T = 10; then 


- —10 
V(p) = : 


Substitution in the expression for V2 gives the final spectrum 


Taste III. Useful Transforms for Filter-like Networks. 


F(p) 


f(t) 


1 
P+ Po 
1 
P(P + Po) 
1 
(Pp + Pi) (Pp + P's) 
1 
P(P + Ps) (P + P's) 
1 


ent — it 


—P 


1 1 E ert ] 
PP’. Ds- Ps Pr P's 


(P + Po) (P + P1) (Pp + D's) (Pi- 


1 1 


e-Pot 1 e? it eP'1 t 
+ , , 
Po) (P's— Po) = P'1—- Pi L Po- Pr “Po P's 


P(P + Po) (P + Ps) (P + B's) 
BP + wi? 


PrP’: Po 


Po (P: se! 
(De® + w,*) ePot 


e-Pot 1 emt er it 
, + , [ ¢ , , 
Po) (P's — Po) Pi-P: P1(Po- Pi) D's(Po- P's) 


(P + Po) (P + Di) (P + P's) (Pi- 
i + wo 1 


Po) (P's — Po) 


(Pe? + ws") € 


1 (pi + w;*) eit 
+ [ ‘ 
Pi-P 


(p's? + wr*) P's -] 
Po Pr Po- P's 


P(P + Ps) (P + D's) (PD + Po) PoPi:P’s Pal Pi- 


Po) (P's 


Pot 1 (p2 + w*) eit (p's + wi*) Pst 
res | ] 
— Po) Pi- P's P:(Po- Px) P's (Po D's) 


wo we [ €?1 
(Pp + Ps) (P + B's) (P? + we?) P's1— Di Lwe? + DP? ia +p’? 


woe Pot 


jwe) | 


“ec! e i*c* 
=; ]+ 2j sl (Pi + jwc) (P's + rare (Pi — jwe) (P's - 


ert 


Po) (P's 
(Pp? + we?) (Pp + Ps) (P + D's) (P + Do) 1 


@c (D1 - 


— Po) (we? + Po*) 


ee es 


—pit 
|: 
Ps) (we? + Ps) = (Po— P's) (we? + P's”) 


“ce! 


(Pi + jwc) (D's + jwc) (Po + jwc) (y 


F a ] 
— jwc) (P's — jwc) (Po — jwc) 


Notes: 
Po; wc = Positive real constants. 
j =V-1. 


€ = Natural or Napier logarithmic base. 


P:; p’; = Complex conjugate constants with positive real parts. 
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Fic. 3. Transient solution of elementary electric circuit. 


expression: 
Ow ep 


2p(p* + 2p? + 2p + 1) 

Although this expression is correct, it must be put in a 
form suitable for identification from the table of transforms 
shown as Table III. An examination of this table shows 
that all the functions of , i.e., the spectral expressions, are 
given in a factored form. Accordingly, the expression for 
V2 must be factored, until its form corresponds to one of the 
expressions of F(p) of Table III. To factor the denomi- 
nator, one must first equate it to zero and solve the resultant 
equation. If the scale factor 2 is neglected, then 


p(p® + 2p? + 2p +1) =0 
An obvious root is p = 0. This leaves the remaining equa- 
tion as 


i= 


p* + 2p? + 2p+1=0 
An examination of this equation indicates that it has three 
roots. From the elementary theory of equatiuns one can 
deduce that it has no positive roots, may have three negative 
roots, or one negative and a pair of complex conjugate roots.® 


6 This information can be found in any advanced algebra text. 
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By trial, one of the roots turns out to be -1. If the equa- 
tion is divided by (p +- 1) the remaining equation becomes 
P+p+1=0 
If this is solved by the quadratic formula, the two remaining 
factors become 


[p + 0.5 + j0.866] [p + 0.5 - j0.866] = 0 


Since the numerator cannot be factored, it is left in its 
original form, and the factored expression for V2 is 


as ec 10p 


V.-= 
* 2p (p + 1) [p + 0.5 + j0.866] [p + 0.5 — j0.866] 
If 


po =1 

pr: = 0.5 + j0.866 

p's = 0.5 — j0.866 
then 

1 


| ££ 
* 20 (P+ Po) (P + Pr) (P+ Pr) 


eo 


2p(p + po) (b + pr) (P + #1) 


Examining this expression, one sees that the first term 
is the same as No. 6 of Table III, but no expression cor- 
responding to the second term is listed. If it is noted that 
the second term is merely the first term multiplied by the 
exponential —e?°”, then from No. 3, Table IV, it is found that 
the corresponding time functions of the two terms are iden- 
tical, except that the second term is delayed by T = 10. The 
solution therefore has the form 

Ye = f(t) ~ f(t 10) 
From Table III, No. 6, therefore, 
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Fig. 4. Single-section constant-K filter with applied square pulse. 
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TasBLe IV. Some Useful Combinations of Transforms. 


F(p) 


F,(p) + F.(p) 
aF(p) 
e?" F(p) 
F (p— Po) 


f(t) 
fi(t) + f2(t) 


See Note 1 
See Notes 1, 2,3 
See Note 2 


F (ap) See Note 1 


Note 1: The letters a, T represent positive real constants; e = 
Napier base, 2.71828. 

Note 2: The constant p, is a pure imaginary number in practical 
problems. 

Note 3: For this time function, f(t— 7) is zero for t < T. 


e Pot 


1 
n=a{ eran a . + 
2 LPiPi1Po =polpi— Po) (P1— po) 


eP'it 


1 
pi-P1 E (Po— p1) oP (po- 5 7 


e? it 


1 
ant - + 
2 or Po pol Pi— Po) (P'1— Po) 


e“Pi(t—10) e-?'1 (t—-10) 


1 
~Bs a we al 


l e-Polt— 10) 


It is necessary to emphasize again that the first term in- 
side the braces { } exists from ¢ = 0 to ¢ = o and is zero 
everywhere else, and the second term exists from ¢ = 10 to 
t = o and is zero everywhere else. 

This concept is illustrated by Fig. 5. The slight compli- 
cations of this problem result from the shape of the applied 
pulse, which requires the use of the “delay” function defined 
by No. 3 of Table IV. To clear up any remaining doubts, 


First term of w, 


Second term of <— 


Components of transient response constant-K filter. 


Unit Step Vip)= Pp 


rc 


Ease, ed unit Step 


ga Sum 


Time 


4o 


Fic. 6. Synthesis of square pulse by unit step functions. 


one should point out that this solution can be obtained by 
defining the applied voltage pulse in a different manner. 
The applied pulse can be considered as a sum of a positive 
and negative unit step with the negative applied after a time 
delay of T= 10. Since the filter network is linear, the solu- 
tion can be obtained by the application of the theory of 
superposition, which in this case means that the solution is 
the sum of the solutions of the individual applied voltages. 
This is illustrated by Fig. 6. 

All that remains now for the completion of the solution is 
the substitution of numerical values and the algebraic sim- 
plification of the results. After the performance of these 
computations, it is found that the final solution for the filter 
output voltage is 


e%-5t 
V2 = [ 1-et- 


sin (0.8662) | - 
0.866 


€-0-5(t-10) ; 
[ 1 — ¢~¢-10) _ _______ sin (0.866#) | 
0.866 


with the entire second bracketed expression zero for ¢ < 10. 
This function is illustrated along with the applied voltage 
pulse by Fig. 7. 
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APPENDIX | 
The Laplace Transform 


Loosely speaking, one might say that the Laplace trans- 
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formation is somewhat similar to the better-known Fourier 
transformation. Basically, both serve to transform a func- 
tion of time into a corresponding function of frequency. 
The Fourier transform consists of a tranformation to func- 
tions of real frequency; the Laplace transform involves a 
shift to the complex-frequency domain. 

The concept of transforming a time variable, such as a 
voltage pulse, to a frequency variable, is generally known, 
since almost everyone in contact with electrical engineering 
is familiar with Fourier analysis, consisting in the transfor- 
mation of a periodic time function into an infinite number of 
separate real frequencies. Correspondingly, the Laplace 
transform changes a nonperiodic time function to continuous 
complex frequency spectrum. 

If an independent complex variable, p (having dimen- 
sions of angular frequency for our purpose), is defined as 
p = a + jx, where a and x are independent real variables 
and j = Y -1, then the Laplace transform of a nonperiodic 
time function is defined by 


F(p) = { f(t)eredt (1-1) 
0 


where « is the Napier log base. This transformation works 


26 © wo wGee 
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for most practical time functions. If, however, a time func- 
tion increases with time indefinitely at too great a rate, 
the transformation (I-1) may not exist. The details for the 
conditions of existence of (I-1) are elaborated completely by 
Gardner and Barnes.’ The transformation (I-1) is a definite 
integral with respect to time; hence the frequency function, 
F(p), which is the Laplace transform of F(t), contains no 
variable t. F(p), therefore, is only a function of p. 

Besides the existence condition mentioned above, there is 
a very important restriction on the time function. The 
transformation defined by (I-1) requires that F(t) be zero 
for negative values of ¢. In practical terms this means that 
some arbitrary time is specified as ¢ — 0, and the computa- 
tion required by (I-1) is valid only for ¢ >0. The zero time 
is most conveniently either the switching instant or some 
suitable time at which the observation (i.e., the computa- 
tion) of the transient is started. If the function F(¢) in 
practice is not zero for ¢ <0, then its value must be known 
independently just before t = 0. This value is then used to 
specify the initial conditions of the electric system concerned. 

For an illustration of the application of the Laplace trans- 
form, the transform of a unit step shown by No. 1 of Table 
II is developed below. 


For the unit step, f(t) is defined thus: 


i Te 
‘<) 1° 8 
ae 


Therefore, from (I-1) note that f(t) is unity for all posi- 


tive values of t: 
® 
F(p) =| e? dt 
0 


Consider p a constant for the integration: 
eP 

F(p) =—- 

p Pp 


e™P 


Since p = a + jx, 
eC tiv) *0 
F(p) = * 
p p 


In the above equation, the numerator of the first term is 
unity, because any number raised to the Oth power is unity; 
the second term is zero, because, in the product, one of the 
multipliers, «*“ ©, is zero. Therefore, 


e-(** iz) * 0 


p 


as shown by Table IT. 
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Fic. 7. Transient response of constant-K filter. 


7M. F. Gardner and J. L. Barnes, Transients in Linear Systems, 


Vol. I, Chapters 3 and 4, John Wiley & Sons, New York, 1947: (a) 
pp. 133-139; (b) pp. 104-107. 
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APPENDIX Il 
Initial Conditions 

Some practical situations arise in which the electric circuit 
to be analyzed is not in a neutral state but has some current 
or charge present in it at # = 0. In such cases, the generator 
supplying v(t) has a finite output for ¢ <0, and hence the 
transient solution by the Laplace transform cannot be di- 
rectly used. If, however, the state of the circuit is defined 
at ¢ = O_ (slightly before zero), and the currents and 
charges are considered as initial conditions, then, after these 
conditions have been properly introduced in the network 
equations, solution by the Laplace transform becomes pos- 
sible. 

This process can be illustrated by the example shown by 
Fig. 8. Suppose the current i, is to be computed. The prob- 
lem then may be solved in the following manner: At ¢ = 0 
the voltage across the capacitor is 


R2 
————— 
Ry + Ro 


At ¢ = 0, (slightly later than zero), the differential equa- 
tions of the circuit can be written as 


t 
1 a a 
%-2 =th, +— (4, —i2) dt 
c Cc 0 


t 
2.5 (ig —i,) dt + igRe 

. oe 

Since v2 — go/C is a constant, the equations can be trans- 
formed by the aid of Tables I and II to the frequency 


domain: 
1 1 
\ Ri + — )-l.— 
Cp Cp 
1 


These equations are solved simultaneously for /;: 
R2(v2C — go) V2 


" RiRsCp-+ Ri + Re p(RiRsCp + Ri + Ra) 

In form, these terms correspond to Nos. 1 and 2 of Table 
III. Hence the time solution for 7, can be directly obtained, 
after substitution has been made for go in terms of v; and 
the circuit values. 

If inductances carrying currents at ¢ — O are present in 
the circuit, then the corresponding equations containing the 
initial conditions can be arrived at in the manner illustrated 
above. 

In general, if a single mesh circuit carries inductance 
current, ig, and capacitor charge, go, at ¢ = O, then the cir- 
cuit equation becomes® 


8 The Laplace transform of di/dt is pl—i if initial current con- 
dition is not zero. 


v= 


R, 
i | il () 
ae oes 
(—_ «Ss 
, bi 
Fic. 8. Transient response with initial conditions. Assume that 
the cireuit is connected as shown, and the transient currents are 
allowed to reduce to zero, At t = 0, the switch is operated instan- 
taneously to connect 1. 


qo ee oe di 
v(t) +} —=— Ri+— | idt+L— 
c CL dt 


Therefore the transformed general equation is 


. I 
V(p) + + Lip = RI + pLI +— 
Cp Cp 
This equation should be used as a model for problems 
having other than zero initial conditions. For further in- 
formation, Gardner and Barnes“ should be consulted. 


APPENDIX Ill 
The Inverse Laplace Transform’? 


As the name implies, the inverse transform provides the 
method of changing a function of complex frequency, p, to 
the corresponding time function. The transformation is de- 
fined by the contour integral 


1 e+jo 
j(t) =— | F(p)< dp (I1T-1) 
ani Jj 
where c — a real constant, not zero 
f(t) = time function, existing for ¢>0. 

The path of integration is on a line parallel to the imagin- 
ary axis from -j© to +j*. The path chosen is placed 
slightly to the right of the imaginary axis to avoid possible 
poles on the axis. The method by which such integrals are 
usually evaluated is contour integration in the complex plane. 
This method is based on the theory of residues evolved in 
the calculus of the complex variable. A treatment of this 
subject is beyond the scope of this paper, byt the interested 
reader will find a brief and illuminating explanation given 
by Bode.® 

For the simpler type of complex-frequency functions oc- 
curring with filterlike structures as considered in this paper, 


9H. W. Bode, Network Analysis and Feedback Amplifier Design, 
pp. 137-151, D. Van Nostrand Co., New York, 1945. 
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fortunately a cookbook method of obtaining the inverse 
Laplace transform is possible. 

The type of functions which are considered is shown by 
the following equation: 


(py — Pt Med + rd (0 1) (PF 2) (0 + 2) ben 


(P+ po) (P+ hi)(P +71) .-- 


(III-2) 
where the roots mx, px are complex conjugate numbers for 
K >0O, and the roots with zero subscript are positive real 
numbers. If there are no factors raised to a greater power 
than unity, then the process of finding the inverse Laplace 
transform reduces to the following: 

1. Multiply the complex-frequency function by e”. 

2. Remove any one of the denominator factors: (p + px). 

3. In the remaining expression substitute —p,x for p. This 
yields the first term of the time function. 

4. Remove the next factor (p + #’x) from the denom- 
inator of the original expression, and substitute —p’x for p to 
obtain the second term of the time function. 

5. Repeat step 4 until all the factors are used. 

6. Reduce the resulting sum of exponential terms by al- 
gebraic and trigonometric identities to obtain sine, cosine, 
and simple exponential functions. 

To illustrate, consider the function 
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1 


(b+ bi) (b+ Ps) 
According to step 1, the function becomes 
ert 


P(p + pi) (pb + Ps) 
This expression has three denominator factors: (p + 0), 
(p + pi), and (p + ’;). Therefore, according to steps 2 


and 3 the first term of the time function is , when the 
pif’ 

factor (p + 0) is used. The use of the remaining factors in 

accordance with steps 4 and 5 yields the additional terms 


ent eP'it 


—pi (P's — pi) —P'1(pi- P's) 


After some rearrangement and factoring, the time solution is 


1 1 ePpit et 
Ks) =—-- | —-—— ] 
PiPr1 Pi-fi™ pi Pi 
This solution also corresponds with No. 4 of Table III. 

Step 6 is merely the algebraic rearrangement of the time 
function, using some well-known trigonometric identities. 

It should be noted that all practical solutions expressed as 
sine and cosine terms contain only real numbers, because 
the complex numbers which appear in the time solution after 
step 5 reduce to trigonometric functions. 
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Power Amplifiers for Music Reproduction® 


Hermon H. Scott 


Hermon Hosmer Scott, Inc., Cambridge, Massachusetts 


The classical concept of the measurement of amplifiers with continuous sine-wave signals 
does not apply rigorously to amplifiers designed for the high-fidelity reproduction of music. 
Usually the designer must choose between providing either maximum instantaneous short-time out- 
put or maximum continuous sine-wave output; since the usual musical waveform is complex, having 
peaks 10 or more db higher than the average level, it is obvious that the former condition is best 
for the reproduction of music. With higher-powered amplifiers, the maximum available continuous 
power can actually burn out the loudspeaker on a continuous overload. A “snubber” circuit has 
been developed that does not affect the power-handling capacity of the amplifier on music wave- 
forms but which protects the loudspeaker from continuous high power levels. By this means, 
high-powered amplifiers can provide maximum realism on peak music levels without the usual 
danger of speaker burnout. Such a device can be adjusted by the user to provide any degree of 
“snubbing” action. An important consideration with respect to amplifiers, much misunderstood, 
is the internal output impedance or damping factor. Many amplifiers have output impedances 
approaching zero, while actually most loudspeaker manufacturers recommend a finite source im- 
pedance of a magnitude which may be as high as the rated speaker impedance. A system is de- 
scribed which, while providing adjustable output impedance without adversely affecting amplifier 
performance, allows optimum damping for all types of loudspeakers. 


IMPORTANCE OF THE POWER AMPLIFIER OVERSIMPLIFIED MEASUREMENTS 
HE POWER amplifier, despite its size and weight, is 
one of the least troublesome of the various components 
in a high-fidelity system, and its performance is generally 
taken for granted. Critics and consumer organizations have 
pointed out that, in listening tests, differences in power ampli- 
fiers are generally overshadowed by those in the preampli- 
fiers or control units. These have received the benefit of 
considerable engineering ingenuity, with the result that 
there is little need for improvement in the present state of 
the art. It is time, therefore, to examine the power amplifier 
and see what improvements would better fit it to drive a 
loudspeaker in the reproduction of music. 


In the classical concept of communication measurements 
the performance of any system is defined simply by the 
frequency response and harmonic distortion for a continu- 
ously applied sinusoidal input signal. The logical basis for 
these simplified measurements is that any complex signal 
can be analyzed as a series of sinusoidal components, and 
the performance of the system is assumed to be the sum 
of its performance on each of these individual components. 

In most cases the resulting data are adequate to describe 
system performance. It has long been recognized, however, 
that steady-state sinusoidal measurements are not always 
indicative of the quality of transmission of music or speech 

* Presented at the Sixth Annual Convention of the Audio Engineer- as judged by the ear. With this realization, a number of 
ing Society, New York, October 14-16, 1954. attempts have been made to explain these differences and to 
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determine their extent and importance. The most serious dis- 
crepancies are encountered in those parts of the transmission 
system which operate nearest to the overload or clipping 
point, such as the power amplifier, although other compon- 
ents, such as loudspeakers, pickups, and recorders, are sub- 
ject to certain similar limitations. Typical is the present in- 
terest in various types of intermodulation measurements, for 
each of which the same claim is made, namely that the com- 
plex tone gives a better correlation with audible performance 
than a single sinusoidal tone. 


AMPLIFIER RATING 


The subject of intermodulation measurements naturally 
raises the question of how to rate the power output of an 
amplifier. The vacuum tube, for instance, is reasonably 
linear within definite limits of voltage and current which 
cannot be exceeded. Beyond these limits the waveform is 
clipped. In good amplifier design, the cleanness of the clip- 
ping largely determines the audible quality of performance 
in the neighborhood of overload. The amplifier which clips 
cleanly and symmetrically may actually deliver much higher 
signal levels, as judged by the ear, before serious distortion 
occurs than an amplifier with a higher output-power rating 
which nevertheless breaks into parasitic oscillation as it clips 
or otherwise causes a fuzzy or jagged top to appear on the 
clipped waveform. 

There are no generally accepted standards for rating the 
performance of an amplifier at or above overload. In nor- 
mal reproduction of music, however, only occasional peaks 
are clipped, and with careful amplifier design this clipping 
can be completely unnoticeable. 

Performance below the overload point is commonly ana- 
lyzed by several conventional methods, all of which are 
based on the use of continuous signals. The customary 
power rating of an amplifier is given just below the clipping 
point. As a practical matter, however, it is possible to de- 
sign an amplifier in such a way that the clipping point oc- 
curs, in actual operation on music, at a higher level than pre- 
dicted by simple steady-state measurements. This often al- 
lows a significant improvement in amplifier performance 
which is not demonstrated by conventional measurements. 


PEAK CLIPPING AND THE MUSIC WAVEFORM 


A music signal is highly complex in character, almost 
never approaching for any appreciable length of time a true 
sinusoid. (The musician’s conception of a “pure” tone is 
quite different from that of the engineer, who considers the 
terms “pure” and “sinusoidal” as synonymous.) Actually, 
for many years it has been standard practice, wherever pos- 
sible, to operate audio systems in radio transmission and 


recording at least 10 db (as read by a VU meter) below their 
rated overload limit to allow reasonable reproduction of the 
waveform peaks without noticeable clipping. More re- 
cently, a margin of 16 db has been used for the highest 
quality services. These operating practices recognize the 
physical fact that the music waveform is extremely complex 
and varying in character, having a high peak-to-average 
ratio, that is, reaching, for short time intervals, peak ampli- 
tudes far exceeding the average or rms level. With any 
system some of these peaks will be clipped, but the higher 
the overload capacity of the system, the less the clipping. 

It should be observed that the ability of any system to 
reproduce peak amplitudes will depend on the weakest link, 
and that, if one part of the system has a low safety margin, 
there is little or no advantage in having higher margins in 
other parts of the system. Exceptions occur when phase 
shifts seriously alter the waveform peaks or large amounts 
of pre-emphasis or de-emphasis alter the overload capacity 
as a function of frequency. The complete system, in the 
usual high-fidelity installation, includes not only the final 
reproducing system but the entire system, going all the way 
back to the original program material, including micro- 
phones, radio transmitters, tuners, recorders, record process- 
ing, pickups, and all other transmission or storage links. If 
the peaks are clipped at a particular level in one part of the 
system, nothing in another part of the system can restore 
them. 

In designing amplifiers for the reproduction of high- 
fidelity music, therefore, a point of diminishing returns is 
reached as the power output is increased. The required 
power for any particular reproducing system depends not 
only on the type of program material used but on the 
acoustical conditions in the room, the type of loudspeakers, 
and the preferences of the listeners. Also, because of dif- 
ferent overload characteristics, the higher-priced amplifier 
or the one which has a higher output-power rating may not 
always sound better; in fact, in many instances the opposite 
will be true. It is a fact, nevertheless, that in many cases 
the loudspeaker and the associated power amplifier are the 
system components which may be operated closest to over- 
load. Let us then examine the music waveform and deter- 
mine if it is not possible to design an amplifier with im- 
proved performance on this type of signal. 


POWER IN THE COMPLEX WAVE 


It has already been recognized for purposes of intermodu- 
lation testing that the power rating of the amplifier on a 
complex wave is customarily rendered in terms of a single 
sine wave of equivalent peak output. The actual power ca- 
pacity on a complex waveform will be considerably less. As 
an example, suppose that an amplifier is rated at 20 watts 
rms, which is just below the clipping point for that particu- 
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lar amplifier; by the laws of physics and by the definition 
of an rms wave form the actual peak value of this wave is 40 
watts. We have long recognized that an equivalent rating 
for intermodulation tests can be obtained only at the same 
peak power, not the rms power, since the peak voltage and 
current capabilities of the vacuum-tube amplifier have 
definite limits beyond which clipping occurs, and any at- 
tempt to provide equivalent rms power with a complex test 
signal results in overloading of the amplifier to a degree 
where the distortion characteristics are no longer comparable 
to or dependent on the same factors as in the simple har- 
monic measurement. 


For instance, assume a two-tone difference-tone type of 
intermodulation measurement. If each tone were 10 watts 
rms, the peak value of each would be 20 watts; but at those 
instants where both tones added to the maximum peak the 
voltages and currents would be doubled, requiring a peak- 
handling ability of 80 watts, or twice the normal peak- 
handling ability of the amplifier. Such a test would ob- 
viously be meaningless in terms of performance of the am- 
plifier below overload. 


On the other hand, if we assume equal peak power, the 
maximum instantaneous sum of the two waveforms will be 
40 watts, each waveform contributing one-half the voltage 
at one-half the current. Each component of the wave form, 
therefore, will have a maximum instantaneous peak of 10 


watts and an rms value of 5 watts. The actual rms power, 
therefore, which a 20-watt amplifier can deliver for a signal 
of two equal nonharmonic sinusoidal waveforms is not 20 
watts but 10 watts. We can carry this reasoning further and 
come to the conclusion that, if we assume a number of non- 
harmonic sinusoidal signals all of equal amplitude, the actual 
rms power which the amplifier can deliver is the single-tone 
rating divided by the number of signals. (A crude synthe- 
sis of a music signal can then be achieved by mixing ten 
components of equal amplitude.) 


If some of the components are harmonically related, the 
total peak power may be less, but, depending on phase re- 
lationships, it may reach the same total peak as with non- 
harmonic relationships. 

To avoid confusion, let it be said that when the present 
writer uses the terms “peak” and “peak power” he means 
the actual instantaneous peak power (normally twice the 
rms value for a single sinusoidal). In referring to the high- 
amplitude bursts present in the music waveform, however, 
the writer shall refer to them as “short-time” phenomena, 
since they may last for a hundred or more milliseconds and 
contain a number of peaks. This short-time power is rated 
in rms values and is therefore comparable to the short-time 
power rating of an amplifier, which is one-half the instan- 
taneous peak rating. In contrast, the conventional power 
rating, based on the continuous sine-wave type of test, is 


referred to herein as the “long-time” or “continuous” power 
rating. 

The VU meter, because of its ballistic characteristics, 
reads long-time power on the usual music signal. The precise 
nature of the clipping, however, depends on the “short-time” 
power. It is obvious, therefore, that for music the signifi- 
cant rating of an amplifier is the short-time power capacity. 
If this short-time power rating can be improved with only 
an equivalent loss in the long-time rating, the amplifier will 
be that much better for music, although its rating on a 
continuous sine-wave test will be lower. Actually, if this 
short-time or “music” rating is improved, a sacrifice of sev- 
eral db can be tolerated in the long-time rating; as a prac- 
tical matter, however, the actual reduction is generally less 
than 1 db. 

These theories are readily confirmed by watching the am- 
plifier output on an oscilloscope while reproducing music. 


MAXIMUM SHORT-TIME POWER 


The power amplifier clips at a point dependent on the 
various bias and power-supply voltages which, except in 
overelaborate and costly designs (now generally obsolete), 
vary somewhat with the signal level. These variations are 
naturally most common in class A-B amplifiers or others 
which deviate substantially from class A operation; but 
even in amplifiers which fall within the limits commonly 
termed class A, a substantial shift in total plate current may 
take place. For instance, different tube ratings for “self- 
bias” and “fixed-bias” operation are common, but do these 
ratings reflect a valid necessary difference for operation on 
music signals? 

The average values of plate voltage, grid bias, etc., are 
determined mainly by the relatively low average or long- 
time signal level, not the short-time periods of high signal 
level. Since the long-time signal level will be less than 
one-tenth in power of the clipping level of the amplifier, far 
below the point where biases and plate-supply voltages shift 
appreciably, it follows that the short-time power-handling 
ability of the amplifier, and consequently the peak clipping, 
will depend on the voltages and biases existing at low signal 
levels, not greatly different from the no-signal values. 

In testing an amplifier for this type of operation numerous 
types of signals may be employed. Music itself is useful 
only for oscilloscopic observation, since it is not susceptible 
to ready distortion analysis, but various synthetic test tones 
are helpful, including a combination of several sinusoidal 
components, and modulated or pulsed sine waves. A sim- 
pler method is merely to measure the various average direct 
voltages in the amplifier while it is operating at maximum 
tolerable clipping on music, and then artificially to restore 
these voltages to those values while making conventional 
harmonic or intermodulation measurements. This voltage 
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restoration can be accomplished by an auxiliary power sup- 
ply for the plate circuit, and temporary adjustment of bias 
resistors (with due regard for bypassing, etc.) and the re- 
sulting distortion measurements will accurately depict the 
performance below clipping of the amplifier on music. 

The best design for a music amplifier will provide highest 
possible short-time power-handling ability without notice- 
able distortion, to take care of high-level bursts and peaks, 
and lower-level long-time performance with even lower dis- 
tortion, well below any possible limit of audibility. Above 
overload, the clipping of peaks should be clean and sym- 
metrical, without the introduction of spurious oscillation 
and “hash.” Hum and other internal noise should be as 
low as possible. With such design criteria, the user will 
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receive the best possible performance with a minimum of 
complexity and cost. 

The important design factors to be considered are essen- 
tially the proper bias values, plate and screen voltages, and 
output-transformer ratio, to provide maximum short-time 
power output. Care should be taken, however, that any volt- 
age shifts which occur under conditions of continuous full 
load or overload cause only a small reduction in the actual 
overload point without increasing distortion below that 
point. Figure 1 shows a typical class A amplifier designed 


Fic. 1. Type 232-A power amplifier, with a musie rating of 32 
watts (64 watts peak). An extra low-level input is provided for use 
with low-output preamplifiers. The 232-B amplifier, announced 
subsequent to delivery of this paper, incorporates variable damp- 
ing. 


with this in mind, and Fig. 2 shows the power-handling 
characteristics as a function of time. These data are for a 
sinusoidal signal. Actually, for a music signal, the power 
decrease will be less and the time interval before the decrease 
somewhat longer. The wiring diagram of this amplifier 
does not look particularly different from previous models, 


TIME IN MILLISECONDS 


Fic. 2. Power-handling capacity of the type 232-A amplifier as 
a function of signal-time duration. The broken line indicates best 
performance of equivalent amplifier designed in conventional man- 
ner. Note increase in peak handling ability with smaller sacrifice 
in continuous power capacity. 


but through a series of improvements the music rating of 
this new type 232-A amplifier is 32 watts (long-time power 
rating 28 watts), whereas the previous model, typical of the 
usual class A amplifier, delivered slightly over 20 watts. We 
find the performance of the new model is in all respects 
superior to the old, and class A operation, with all its advan- 
tages, has been retained. 


THE DYNAMIC POWER MONITOR 


We have been concerned, so far, with the question of how 
to get the maximum music power out of a given amplifier. 
It must be assumed that the associated loudspeaker will be 
capable of handling the peaks and the short-time bursts of 
power. Eventually a point will be reached, as power is in- 
creased, where the available power may actually damage 
the speaker if applied for more than a short time interval. 

The amount of power actually required to drive a loud- 
speaker under a given set of conditions cannot be determined 
by any set rule. Speaker efficiencies vary, and some people 
are content with moderate listening levels whereas others 
like to demonstrate full, or even exaggerated, concert hall 
volume. This has resulted in a demand, limited but never- 
theless important, for superpowered amplifiers—units 
having power outputs of 50 watts or more. With a multi- 
plicity of loudspeakers, or speakers with high power- 
handling ability, such amplifiers can provide an amazing de- 
gree of realism at high levels. They have one unfortunate 
characteristic, however. They can burn out many loud- 
speakers. For instance, a typical speaker rated for use with 
50-watt amplifiers may be burned out by continuous power 
over one-quarter of this value. It will be noted, of course, 
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that, if the 50-watt amplifier is required to deliver much 
more than 5 watts rms average power on a music waveform, 
the amount of clipping will be substantial and the distortion 
probably unacceptable. This is not necessarily the case, 
however, since at excessively high listening levels (as when 
close to the speaker) the ears themselves overload and be- 
come accordingly less critical of distortion in the program. 
It is not unusual then for a high-fidelity enthusiast, when 
demonstrating his equipment, actually to burn out a delicate 
loudspeaker on the program material. 


However, there is another and a far more common reason 
for speaker failure. If the experimenter accidentally pulls 
out a plug in a low-level circuit or touches a grid or other 
“hot” lead, the entire system may suddenly overload on 
60-cps hum. Under these conditions the 50-watt amplifier 
will actually deliver nearly 100 watts of square-wave power 
to the loudspeaker, which generally does not last long under 
these conditions. Another difficulty is sometimes encoun- 
tered in testing with constant-frequency records or oscil- 
lators where steady, high-level test tones are applied to the 
system. 


The possibility of severe damage to high-priced, high- 
quality equipment under these conditions has become so 
important that at least one speaker manufacturer has issued 
a special bulletin cautioning against such abuse of loud- 
speakers and pointing out that some units which normally 
operate safely at quite high short-time power levels cannot 
withstand continuous power in excess of a few watts. 

Some manufacturers of high-fidelity amplifiers have there- 
fore never promoted for high-fidelity applications any ampli- 
fiers having continuous power capabilities above 20 or 30 
watts because the hazard to loudspeakers inherent in higher- 
powered amplifiers completely offsets any advantages de- 
rived from such amplifiers. A study of the power ratings 
of speakers led to the conclusion, however, that, from the 
standpoint of speaker protection, it was ideal for an ampli- 
fier to have a long-time power rating lower than its instan- 
taneous power rating, except that the differences actually 
noted between continuous and instantaneous power ratings 
were not generally adequate for the purpose of speaker pro- 
tection, except in a few borderline cases. With amplifiers 
capable of 50 watts or more (rms), some additional safe- 
guard is in order. 


The result is the type 265-A laboratory power amplifier. 
This unit is conservatively rated at 65 watts, class A 
throughout, with overload characteristics and distortion 
characteristics otherwise identical with the type 232-A 
power amplifier. The main difference is that the new am- 
plifier has twice the number of output tubes and conse- 
quently gives greater output power. It should be empha- 
sized, however, that no factor of quality has been sacrificed. 
At low volume levels the performance of the 265-A is just 
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as “clean” as that of the lower-powered amplifier. That is 
the great inherent advantage of class A operation. The hum 
level, too, is as low as that of the lower-powered amplifier. 
In addition, the type 265-A includes a new development, 
the “dynamic power monitor.” By means of this circuit, 
without sacrifice of short-time power-handling ability, the 
long-term power-handling capacity of the amplifier can be 
reduced to any desired value, even as low as 10 watts. 
Figure 3 shows how this operates. The power-handling 
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Fig. 3. Operation of the dynamie power monitor for different 
settings of the control. Speaker burnout possibility may be re- 
duced to that characteristic of a 4-watt amplifier. Distortion be- 
low the clipping point is not affected. 


ability of the amplifier is unaffected for the first 250 millisec. 
after a high-powered signal is applied. Beyond that point 
the power output is reduced to a point selected by the user 
and which normally would represent the maximum safe, 
continuous power for the loudspeaker system. Figure 4 
shows how this is accomplished. The diode circuit, which 
responds to the average value of the output waveform (only 
slightly different from the rms value), controls the pentode, 
V,, through a circuit with the desired time constant. The 
pentode in turn controls a voltage-regulator tube, V2, which 
reduces the variable plate-supply voltage when it is necessary 
to cut the power output of the amplifier. 

It should be noted that this is a true power limitation and 
not merely a gain reduction, which would be completely inef- 
fective for a gross overload such as may occur when a low- 
level plug is accidentally pulled out or when, by some other 
means, a high-level signal is applied to a low-level circuit. 
In other words, the amplifier is completely incapable of de- 
livering more power than that determined by the monitor 
circuit, regardless of how serious the overload. 
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It is realized that this power reduction results in some in- 
stantaneous distortion when the “snubber”’ is actually snub- 
bing, but that is of no consequence, since the reduction never 
occurs in normal reproduction of music—only when some- 
thing is wrong and the system is so overloaded that the dis- 
tortion is already serious. An indicator lamp shows when 


the dynamic power monitor is actually reducing the power, 
thus giving the user some idea of the average level being fed 
to the speaker. 

The actual amount of power reduction or snubbing may 
be continuously adjusted by the user to correspond to any 
As a practical 


degree of protection for the loudspeaker. 


a 


OUTPUT 


© “a 


Fic. 4. Simplified cireuit diagram of the dynamic power monitor. 
The average output level is rectified and, through the agency of 
a cireuit of predetermined time constant, causes a reduction in 
the available output power whenever the signal level exceeds a 
value preselected by the user for a time interval determined by the 
time constant. 


matter, for most music applications there is no audible dis- 
advantage in leaving the control set near maximum power 
reduction. On the other hand, for industrial and laboratory 
applications requiring maximum continuous power, the 
dynamic power monitor may be turned off completely, al- 
lowing a full 65-watt continuous output to be available. 
Figure 5 shows the long-time power capability as a function 
of the monitor control setting. The distortion character- 
istics are shown in Fig. 6. These apply for the long-time 
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Fig. 5. Calibration of dynamic power monitor control. Note 
wide range of control to afford best speaker protection. 


output with no snubbing and the short-time output with the 
dynamic power monitor in operation, also for long-time out- 
put below the snubbing point when the monitor is operating. 
The dynamic power monitor does not affect distortion during 
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Fig. 6. Distortion characteristics of the type 265-A laboratory 
power amplifier. Note low difference-tone intermodulation. Type 
232-A is similar, but power values are halved. 
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normal operation, since it is intended as a safety-factor type 
of arrangement only. At lower levels, the distortion is, of 
course, even less, because of the class A circuitry. 

In this connection it should be pointed out that the dis- 
tortion values are in the customary terms of percentage volt- 
age. Some amplifiers have been rated in terms of distortion 
power, which is proportional to the square of the voltage. 
Hence 0.3% voltage distortion is equivalent to 0.001% 
power distortion, and such an amplifier could, by the power 
method, be rated as 99.999% distortion-free. 

With the dynamic power monitor we therefore have, for 
the first time, the advantages of high available driving 
power for loudspeakers without the associated serious risk 
of speaker burnout which has limited the practical applica- 
tion of very high-powered amplifiers. Since the class A cir- 
cuit also provides low-distortion performance at low levels 
generally associated with lower-powered amplifiers, there is 
no longer any reason why the enthusiast who wants super- 
power should not have it. 


SPEAKER DAMPING 


There is one other characteristic in amplifiers for driving 
loudspeakers that has become of greater importance as the 
speakers themselves have been improved. That is the source 


impedance presented to the loudspeaker by the amplifier out- 
put circuit, which determines the damping and the resultant 
effect on bass response. 

The loudspeaker, being a transducer, is a combination of 
mechanical and electrical elements including numerous self- 


resonances. The most important of these is the so-called 
“bass resonance,” that is, the resonance of the entire moving 
system, which is modified appreciably by the characteristics 
of the enclosure. Proper damping at higher frequencies may 
also be important, particularly when crossover networks 
(filters) are employed. The term “damping factor” has 
become common in describing the output characteristics of 
amplifiers and is defined as the ratio of the load impedance 
to the internal output impedance of the amplifier. 

In the earlier days of triode output stages and no feed- 
back, the optimum load impedance for “maximum undis- 
torted power” (not power sensitivity) was approximately 
equal to twice the internal output impedance of the ampli- 
fier. Hence this became the common basis for loudspeaker 
design. The later pentode amplifiers without feedback, 
having a relatively high internal output impedance and op- 
erating into a lower impedance, required somewhat different 
speaker characteristics for best operation, although in small 
radio sets the exaggerated bass response caused by the low 
damping which resulted was often considered an advantage. 

With inverse feedback, however, the internal output im- 
pedance, as well as other characteristics of an amplifier, can 
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be modified to the point where the output stage becomes 
substantially a constant-voltage (low-impedance) or a con- 
stant-current (high-impedance) source, these two extremes 
being achieved, respectively, by large amounts of voltage or 
current feedback. By combining voltage and current feed- 
back, practically any desired internal output impedance can 
be obtained while substantially constant gain and other 
characteristics are retained, including the low-distortion ad- 
vantages of inverse feedback. 

The type of feedback normally employed in the usual 
high-fidelity amplifier is mainly voltage feedback, and a low 
output impedance is the normal result of using enough feed- 
back to provide a substantial decrease in distortion. Many 
writers have accepted this low impedance as a desirable ob- 
jective in itself, which is not necessarily valid. It is known 
that large amounts of feedback do not always produce the 
best distortion characteristics, particularly in the region of 
overload, and for this reason extremely low output imped- 
ance alone should not be considered per se an indication of 
a high-quality amplifier. 

Although many amplifier engineers have aimed at the 
lower output impedances, many speaker engineers have been 
pointing out that some commercial designs actually operate 
better from higher impedances. This is because the over- 
all bass characteristics of the speaker and enclosure fre- 
quently rely on resonance to maintain efficiency at low fre- 
quencies, and overdamping of the speaker reduces the ap- 
parent bass response. Also, in many speaker designs there 
is sufficient mechanical damping in the cone support itself 
and the enclosure to obviate the need for additional damp- 
ing in the amplifier. Some amplifiers have employed fixed 
amounts of current feedback to provide the higher output 
impedance. A fixed arrangement is seldom satisfactory, 
however, since too high an output impedance can be far 
more disastrous to the over-all performance of the high- 
grade speaker than too low an impedance. i 

To the common explanation that such systems provide 
“power feedback,” it is pointed out that any common com- 
bination of voltage and current feedback provides a definite 
fixed output impedance which can be measured or calcu- 
lated.t_ The performance of such an amplifier, as far as the 
output impedance is concerned, is therefore no different from 
that of any other amplifier having the same output imped- 
ance, whether the impedance is determined by feedback or 
whether it is the normal output impedance of the tubes as 
reflected through the matching transformer. In either case, 
the effects of the output impedance on the overall speaker 
frequency characteristics, damping, etc., are the same. 


1See F. E. Terman, Radio Engineers’ Handbook, p. 402, McGraw- 
Hill Book Company, New York, 1943; H. F. Mayer, “Control of the 
Effective Internal Impedance of Amplifiers by Means of Feedback,” 
Proc. IRE, 27, 213 (March, 1939). 
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A recent questionnaire to speaker manufacturers brought 
answers specifying, for commercial speakers in typical en- 
closures, recommended source impedances ranging from 6 
to 200% of the speaker impedance, representing damping 
factors from 16/1 to 0.5/1, respectively. Some manufac- 
turers specified different values for each model or each type 
of loading such as bass-reflex,-horn, and infinite baffle. In- 
terestingly, the trend, as distinguished from the indications 
in amplifier literature, was for higher source impedances, 
and not a single manufacturer recommended zero or nega- 
tive impedances. Also, the highest source impedance recom- 
mended was twice the speaker impedance, giving a damping 
factor of 0.5/1, and this was only for two models of a single 
manufacturer, both models having very powerful magnets 
(and consequently heavy self-damping) and operating in 
infinite baffles. 

There has recently been some tendency to promote ampli- 
fiers with excessively high output impedances on the ques- 
tionable theory that they should “match” the speaker im- 
pedance at the bass resonance peak and in some cases at 
the higher frequencies. Such operation, of course, in terms 
of impedance and damping approximates the old-fashioned 
pentode output without feedback and is generally decried 
by manufacturers of high-grade loudspeakers. The biggest 
disadvantage is the resulting exaggerated bass resonance. A 
loudspeaker is generally more efficient at its low-frequency 
peak, and the speaker designer usually takes advantage of 
the rise in impedance at this frequency automatically to re- 
duce the power input to the speaker at the resonant fre- 
quency, thus tending to flatten the over-all response. In- 
creasing the source impedance above the optimum value as 
established by the speaker designer, therefore, merely re- 
sults in additional bass resonance, which is generally unde- 
sirable. There would seem to be little practical value, there- 
fore, in confusing the user by providing him with adjust- 
ments beyond the ranges recommended by leading speaker 
manufacturers, since, with such adjustments, the user may 
quite unwittingly operate his loudspeaker under conditions 
far from ideal. Tonal balance can be better adjusted by the 
more customary means. 

It has been claimed that some systems employing com- 
binations of negative and positive feedback automatically 
“match” the speaker impedance at each frequency by pro- 
viding an output impedance which varies in accordance with 
the load impedance. The previously cited references in- 
dicate rigorously that this is impossible with any of the 
simple voltage and current feedback systems. Given 
amounts of current and voltage feedback provide a definite 
output impedance which is absolutely independent of the 
load impedance. All that any such system can do, there- 
fore, is to establish the output impedance at a definite value 
which may be higher or lower than the nominal speaker im- 


pedance, depending preferably on the speaker designer’s 
recommendations. Merely to operate a speaker from a 
higher source impedance than the speaker designer intended 
will increase the bass response at the resonant frequency, 
and in some cases the treble response also. It will also de- 
crease the damping, tending to cause objectionable boom. It 
should also be pointed out that such variation in output 
impedance to “match” the speaker impedance at all frequen- 
cies, if possible, would still be undesirable, unless the speak- 
ers were designed for this type of operation. 

To clarify the confusion resulting from the many claims 
for various output systems, it should be pointed out that 
the “maximum undistorted power” (before clipping) avail- 
able from a given amplifier does not depend directly on the 
impedance of the amplifier as modified by various feedback 
systems. The actual power which the output stage can de- 
liver (including any power absorbed by feedback systems) 
depends on the output tubes, the operating voltages, and 
the load impedance connected to the output circuit. The 
overload point of the output stage does not change as the 
feedback is varied to vary the output impedance. 

There is no requirement, therefore, that the output im- 
pedance should “match” the speaker impedance, and such a 
match would not increase the efficiency of the system in 
terms of available power output. The only effect of varying 
the output impedance, aside from varying the speaker damp- 
ing, may be a change in power sensitivity, which is a func- 
tion of the amplifier gain. The overall variation is easily 
offset by merely readjusting the amplifier gain; but, since 
the speaker impedance varies with frequency, the power 
sensitivity will change and thus the frequency response. The 
power-handling capacity of the amplifier at different fre- 
quencies is not affected. 

If the output impedance of the amplifier is increased to 
provide a better “match” at the high impedance points in 
the speaker characteristic, this does not mean greater ef- 
ficiency at those peaks but merely an increase in relative 
power sensitivity, which is obtained by reducing the relative 
power sensitivity throughout other parts of the speaker 
range. Nothing has been gained, therefore, unless a better 
overall frequency response and better damping are 
achieved, which will depend entirely on the individual 
speaker. In general, most high-fidelity loudspeakers are in- 
tended to operate from a source impedance of the same or- 
der of magnitude as that of the speaker impedance, or lower. 
Operation from an excessively high impedance may result in 
inadequate damping and exaggerate certain portions of the 
frequency response. 

It is also possible, of course, by merely reversing the phase 
of the feedback to change it from negative to positive, thus 
providing a regeneration, as has been suggested by some 
writers. The supposed advantage of this is the ability to 
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cancel a portion of the resistive component of the speaker 
impedance. 

Speaker manufacturers who have expressed an opinion on 
the subject point out that this would be a benefit, if at all, 
only in the cheapest and worst class of speakers with inade- 
quate magnets, and that the many disadvantages of nega- 
tive impedance far outweigh the advantages. The most seri- 
ous of these disadvantages is that a regenerative system ex- 
hibiting a negative impedance is, in fact, an oscillator cir- 
cuit and hence is highly unstable. To minimize the possi- 
bility of oscillation it would generally be desirable to limit 
the regenerative effect to low frequencies only. This would 
cause the amplifier to have an output impedance varying 
with frequency, which would in turn cause the effective fre- 
quency characteristic to vary. Frequency-response varia- 
tions, when required, are better supplied by the conventional 
tone controls and equalizers, which do not introduce the 
possibilities of amplifier instability. The output circuit of 
the type 265-A amplifier was intended to match the high- 
grade loudspeakers available to the high-fidelity enthusiast 
without introducing the hazards of unstable operation or in- 
definite variations in output impedance with frequency. As 
a matter of sound engineering policy, therefore, only positive 
output impedances are available. 

To match exactly all types of speakers in accordance with 
the manufacturer’s specifications, therefore, it is desirable 


to have available a reasonable range of damping factors 
based on the requirements of available high-grade loud- 


speakers. Some of the ways in which this can be accom- 
plished are shown in Fig. 7. A conventional method of pro- 
viding voltage feedback is through a tap or voltage divider 
on the output transformer secondary. Current feedback is 
most satisfactorily obtained by a resistance in series with 
the load. In Fig. 7A the voltage feedback signal, V;, ob- 
tained from a tap on the transformer and the current feed- 
back voltage developed across the resistor, Re, are mixed in 
the potentiometer, R,», in any desired proportion while sub- 
stantially constant over-all feedback is maintained. Figure 
7B shows a similar arrangement but with the transformer 
tap replaced by the voltage divider, R,. In either case, the 
resulting feedback can be adjusted to maintain any predeter- 
mined balance between voltage and current feedback, thus 
providing a simple means of adjusting the output impedance 
to any desired value depending on the setting of Rp and in- 
dependent of the load impedance connected to the output 
terminals. 

Actually in the type 265-A amplifier a somewhat more 
elaborate system is employed, as shown in Fig. 7C. Since 
the resistance, Re, is in series with the load impedance, it 
obviously absorbs some of the power which would otherwise 
be available to the load. It was decided, therefore, that the 
maximum tolerable value was 0.2 ohm, which absorbs only 
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about 0.1 db with a 16-ohm load and amounts of power 
which remain negligible at lower load impedances. Since the 
voltage available across this low resistance is correspondingly 
low, it must be fed back to a lower level point in the circuit 
than is desirable with the voltage feedback signal. Conse- 
quently, R,; and R» in the type 265-A are independent po- 
tentiometers or variable resistors ganged together mechanic- 
ally, thus providing two separate feedback voltages which 
are applied to two different points in the preceding amplify- 
ing stages. The voltage and current feedback loops are 
therefore kept independent, with a beneficial effect on over- 
all amplifier stability, particularly at the extremes of the 
frequency range. 

It should be pointed out that with the addition of the 
variable damping no advantages of previous amplifier de- 
signs have been sacrificed. Output connections to match 
load impedances ranging from 16 to 2 ohms are available, 
and the power dissipated in the current feedback system is 
negligible because of the low value of R2 compared to the 
load impedances. As a practical matter, with these imped- 
ance taps, loads between 1 and 30 ohms can be used with no 
noticeable changes in operating characteristics. 

The frequency response of the type 265-A amplifier is 
shown in Fig. 8. It should be noted that there is no signifi- 
cant change in frequency response between minimum and 
maximum damping. The slight level difference represents 
only a gain difference and no change in maximum power 
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(C) 


Fic. 7. Typical methods of simultaneously adjusting current 
and voltage feedback provide variable output impedance and 
damping. A and B are simple systems combining voltage and ecur- 
rent feedback in a single loop, adjustable by variation of Rp. 
C shows arrangement used in type 265-A amplifier having separate 
voltage and current feedback loops. R, (0.2 ohm) can therefore 
be very small, limiting reduction in output power to approximately 
0.1 db. 
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output. The damping control circuit was designed so that 
the gain of the amplifier remains substantially constant. 

Figure 9 shows the range of damping factors available at 
different output taps. Although 16 ohms is most common 
for high-fidelity speakers, 8 ohms is also encountered. Use 
of several speakers in parallel may necessitate even lower 
taps, such as 4 ohms or 2 ohms. Provision of several taps 
which may be employed simultaneously allows correct paral- 
lel operation of speakers of different impedances. 

The appearance of the 265-A is shown in Fig. 10. From 
left to right the controls are: dynamic power monitor, level 
(gain), and damping. We feel that this power amplifier 
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Fig. 8. Frequency characteristics of the type 265-A amplifier 
at minimum and maximum damping. Adjustment of the control 
for any desired damping factor provides substantially constant 
damping over the entire frequency range. This is particularly im- 
portant when crossover networks are used and is in accordance 
with the recommendations of speaker manufacturers. 


incorporates all the improvements possible in the present 
state of the art to provide the best possible performance in 
the reproduction of music. 


CONCLUSION 


Power amplifiers have been accepted for years without 
question, and the user has generally become quite skeptical 
of extravagant claims for infinitesimal distortion, infinite 
damping, and other factors which, even if actually avail- 
able, are of little or no consequence. Again and again, lis- 
teners have concluded that there is less difference among 
power amplifiers than among almost any other parts of the 
high-fidelity system, with the result that the greatest em- 
phasis and the greatest interest have rested in preamplifiers 
with their flexible equalization characteristics, noise sup- 
pressors, tone controls, and other devices which directly af- 
fect the tonal color of the reproduced sound. 

We have, however, reached a point where the perform- 
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ance of the power amplifier should be examined to be sure 
that, regardless of whatever high degree of performance has 
been designed and built into it, we are getting all that we 
can for a given degree of complexity and expense. 

Amplifiers designed primarily for the reproduction of mu- 
sic should be rated on the basis of their performance with 
this type of signal. For this purpose, a reasonable reduction 
in long-time power-handling capacity can be advantageously 
exchanged for a somewhat greater increase in short-time 
power-handling capacity. We believe, also, that with ex- 
tremely high-powered amplifiers, the dynamic power moni- 
tor, which automatically limits the output power on acci- 
dental overload, will save many dollars and much time now 
lost in speaker repairs, by protecting the speaker from con- 
tinuous high overload. 

Last, but not least, for those systems where the most criti- 
cal match is required, the output impedance of the amplifier 
may be adjusted to coincide exactly with the speaker manu- 
facturer’s specifications. This should preferably be ac- 
complished with a system which does not appreciably alter 
the normal feedback and other characteristics of the ampli- 
fier, so that no quality is sacrificed in order to obtain the 
variable output impedance. The requirements in this direc- 
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DAMPING CONTROL SETTING 


Fic. 9. Calibration of damping control. Note that wide range 
of damping factors is available at 8-, 4-, and 2-ohm outputs as 


well as at 16 ohms. 
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tion tend generally in the direction of higher output imped- 
ance than that normally available in present-day amplifiers, 
with no demand for excessively high, zero, or negative im- 
pedances. Conventional feedback systems provide a definite 
output impedance which is independent of the load im- 
pedance. 


Fic. 10. Type 265-A amplifier. 


ENGINEERING SOCIETY 


Amplifiers incorporating these principles and improve- 
ments have been designed for commercial manufacture so 
that the music enthusiast or “hi-fi” hobbyist can now have a 
power amplifier commensurate in engineering with the latest 
and most elaborate preamplifiers and control units. 


From left to right the controls 


are for dynamie power monitor, level (gain), and damping factor. 
An extra low-level input is provided for use with low-output pre- 


amplifiers. 
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Locating Defects In Magnetic Recording Tape* 


ANDREAS KRAMER 
Audio Devices Inc., New York, New York 


The use of magnetic recording tape for the more critical types of recording has made new tape- 
testing methods necessary. This paper describes an instrument for making instantaneous uni- 
formity-of-response tests by locating and registering the number of individual cycles of output 
voltage whose amplitudes are below a pre-set level. This threshold level is the dc control 
voltage for an AND gate. It is set on the basis of a percentage of the ac peak voltage entering 
the gate so that, if the threshold control is set at 50%, the ac peak voltage must exceed 50% 
in order for the gate to operate. The clectronic circuits, particularly the voltage-sensing circuits, 
are described and mechanical requirements for the tape transport mentioned. 


INTRODUCTION 


‘TIL RECENTLY most tape machines recorded across 

the full width of a quarter-inch recording tape and a 
small lump or hole (perhaps 5 to 10 mils in diameter) had 
little effect on the uniformity of response. Today, however, 
when as many as six tracks are used on quarter-inch tape 
(a width of 25 mils per track, practically speaking), a defect 
10 mils in diameter can cause a complete dropout of many 
cycles of a high-frequency signal. 

Uniformity of response is measured by recording a steady 
signal on the tape, then playing it back into some species of 
recording device. It necessarily follows that the capabilities 
of this recording device are very important. The rapid 
graphic-recording voltmeter (used very satisfactorily by all 
manufacturers in average and reel-to-reel uniformity tests) 
has a rise time of three-quarters of a second, which is entirely 
inadequate for a phenomenon lasting only a fraction of a 
millisecond. The ultraspeed recording system, widely used 
in acoustical research, consists of a logarithmic conversion 
device, generally called a Logger, and a direct-writing oscillo- 
graph. It has a pen speed of 5000 to 10,000 db per second, 
which corresponds to a rise time of 5 to 10 millisec. and is 
therefore still inadequate for small defects. A recording 
could be made on film with a Duddell-type of oscillograph, 
which would provide adequate speed to show individual 
cycles of a signal. However, the film cost would be enor- 
mous and the data-reduction problem profound. 


* Presented at the Sixth Annual Convention of the Audio Engineer- 
ing Society, New York, October 14-16, 1954. 


It has, therefore, been necessary to resort to an all-elec- 
tronic system, which can count the individual defects in- 
stantaneously. Such an instrument is generally known as a 
defect counter. The one developed by Audio Devices, Inc., 
employs some of the special techniques developed by the 
Radio Corporation of America. I would like to acknowledge 
at this point, the advice so freely given by H. E. Roys, Dallas 
Andrews, and Walter Erikson of that organization. 


GENERAL 


The defect counter consists of a modified, conventional 
tape-drive mechanism, a source of recording current, and 
reproducing amplifiers equal in number to the playback 
heads used for the particular application. A front view of 
the rack assembly is shown in Fig. 1 and a rear view in 
Fig. 2. Following the reproducing amplifiers are the 
threshold control and the gating and coincidence circuits, 
which feed information concerning the number of defects to 
an electric counter or an electronic stop relay. The number 
of defects on a reel of tape may be counted or, by means of 
an electronic switching arrangement, the recorder may be 
stopped at each defect to permit examination. 


TAPE TRANSPORT 


The tape transport mechanism is a commercially-available 
three-motor system modified to permit a tape speed of 60 ips 
and tape widths up to three-quarters of an inch. A higher 
tape speed would be desirable, but the difficulty of holding 
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the several tape widths to narrow tolerances within the tape 
guides poses a serious problem when higher speeds are used. 

The recording and reproducing head assemblies are 
mounted on easily removable base plates in order to provide 
flexibility as different numbers of reproduce heads are re- 


Fic. 1. Defeet-counting apparatus, front view. 


quired. For example, the testing of quarter-inch tape might 
call for a single-track head, a double-track head assembly 
or a triple-track head assembly. This means that three 
separate interchangeable head assemblies would be needed. 

The tape tension throughout the reel is held within very 
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close limits by a tension-sensing servo applied to the takeup 
and supply-reel motors. 


RECORDING 
A signal generator delivering 6000 pulses per second is 


Fig. 2. Defect-counting apparatus, rear view. 


used to feed the record head to write 100 lines per inch across 
the full width of the tape. The pulse current through the 
head is adjusted to a value sufficient to saturate the tape. 
Electrically, the duration of each pulse is 7 microsec., but 
the effective pulse duration recorded on the tape is much 
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longer, due to the fringe effect at the recording-head air gap. 
This type of recording does not require a bias current, since 
the rise and decay times for the current pulses are very short, 
and distortion is not a factor. An erase head was not in- 
corporated in the machine, since an oscillator was not re- 
quired for biasing. All reels must, therefore, be bulk-erased 
before they are placed on the machine. 


REPRODUCING 


The recorded signal is picked up by a reproducing head- 
assembly with either two or three heads per quarter inch 
across the tape. The individual heads and the tape guides 
are arranged so that on a second run, the signal may be 
picked up between the previously reproduced tracks. This is 
equivalent to 4 or 6 tracks on quarter-inch tape. 

The output voltage of the reproducing head is the differ- 
ential of the signal on the tape. Because of this and of fring- 
ing, the voltage waveform looks very nearly like a series of 
separated sine waves. These waveforms are about 60 
microsec. long and are separated by intervals of 166 micro- 
sec. The voltage from each head is amplified in its own 
preamplifier and applied to the grid of a gating tube. The 
grid current for this tube must be limited, since the ap- 
plied voltage drives the grid positive. The adjustable dc bias 
for this grid is the threshold control and determines the mag- 
nitude of ac peak voltage necessary to make the tube con- 
ductive. 

The suppressor grid of the gating tube is biased to cutoff 
and modulated by positive square-wave gating pulses from 
a one-shot multivibrator. These pulses are 25 microsec. 
long, and the multivibrator is triggered by the first positive- 
going half-cycle from any one of the preamplifiers. 

The output voltage waveform of the gate is determined 
by the length of time that both grids are in the conducting 
region. The action of this gate is illustrated in Fig. 3. Nor- 
mally, the gating pulse on the suppressor grid is the control- 
ling factor, since the amplified reproduced signal is much 
greater. The center lines of the two waveforms must also 
coincide in time for the output to be a square wave. As long 
as a signal is picked up by any one of the heads, there will be 
a gating pulse present at all gates. There will be output only 
from those gates where the reproduced signal is equal to, or 
greater in magnitude, than the threshold bias setting. If the 
reproduced signal is less than the threshold setting, there will 
be no output, since only one grid is in the conducting region. 

From the foregoing, it can be seen that a slight misalign- 
ment of the head or a skewing of the tape will cause a drop 
in output voltage and a timing error, both of which will 
register as a defect. 

The pulses from the gates are now fed to a coincidence 
circuit in the form of a cathode-coupled mixer. (See Fig. 


4.) As long as all the pulses arrive at the grids simul- 
taneously, there will be an output voltage from this circuit. 
If one or more pulses are missing, there will be no output 
from the coupled cathodes of these tubes. The block dia- 
gram in Fig. 4 shows the sequence and waveforms of the 
pulses. 

The negative pulses are used to control the suppressor 
grid of a pentode. The control-grid voltage is in the form of 
narrow positive-going spikes or pips that occur at the time 
when the negative pulses from the coincidence circuit are 
applied to the suppressor grid. This pentode also acts as an 
inhibitor. As long as there is output from the coincidence 
circuit, there will be no output from the inhibitor. If a pulse 
is missing from one of the gates, there will be no output from 
the coincidence circuit and the inhibitor is left open to pass 
the spike. 

The spike may be used either to register on an electronic 
digital counter, or it may be applied to an electronic relay 
to stop the tape-drive motors and apply a brake. The tape 
can then be examined under a microscope so that the cause 
of the defect may be determined. Results obtained with this 
device are described in a paper by Frank Radocy.' 


OPERATION 


In the adjustment and operation of the defect counter, 
much greater skill and care are required than are necessary 
in the operation of a conventional professional tape recorder. 

The electronic circuits of the defect counter are designed 
to accommodate a maximum of eight magnetic tracks. In 
setting up the machine, the operator must take into account 
the specific number of reproduce heads to be used in a 
particular test. 

The heads are first aligned with a dual-beam oscilloscope 
so that the output waveforms of the preamplifiers overlap. 


es ee ee ee 


TRANSFER PLATE 
CHARACTERISTIC A. 
FOR GATE CURRENT 
OUTPUT 
FIRST GRID 
SECOND GRID 
i] 


SNiNpUT TO FIRST GRID 
FIXED BIAS 


re TO SECOND GRID 
4 
THRESHOLD CONTROL 
Fic. 3. Action of the gating circuit. 


1 Mr. Radocy’s paper appears in the January 1955 issue of the 
Journat (3, No. 1, pp. 31-34). 
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Simultaneously, the record current may be adjusted for the 
maximum output consistent with good waveform. 

The output voltage from any one of the preamplifiers must 
be indicated on a peak-reading voltmeter which is isolated 


PREAMP. | 
Ov he GATE 


PREAMP. 
#2 mv 


©v—| PREAMP. 
#3 yh 


— REPRODUCE 
HEADS 


ONE 
SHOT 


oscilloscope. This is done by adjusting the timing control, 
while reducing the output from one of the preamplifiers to 
as low a level as possible without causing the counter to go 
into operation. 


COINCIDENCE 
CIRCUIT 


| COINCIDENCE 
CIRCUIT 


COINCIDENCE 
CIRCUIT 
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SHAPER 


Fic. 4. Block diagram of the defect counter. 


from the amplifiers with a cathode follower. This voltmeter 
is also used for setting the threshold control. By reducing the 
output voltage from a preamplifier to the desired level, it is 
possible to adjust the threshold control to a point where the 
counter just begins to count. Sensitivity is within 2 to 3% 
of the output voltage. 

The timing for the gate pulses may also be set without an 


CONCLUSION 
This machine has been in operation for approximately 
one year and has proved to be very stable. Minor changes 
have been made from time to time, particularly as regards 
pulleys and tape-guide rods on the transport mechanism. 
The defect counter has nevertheless proved to be a very 
effective tool for the improvement of tape quality. 
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The Appreciation of Tone Quality 


Cuartes D. 


Since the frequencies of the individual notes 


LINDRIDGE* 


used in chords and the frequencies of partials of 


a musical tone do not differ appreciably, chords can be studied to obtain some information re- 


garding tone quality. 


HEN CHORDS are played on a keyboard instrument, 

the sounds of the fundamentals of the individual notes 

can be studied to obtain information regarding the effects 

produced by partials of a complex tone. The frequencies 

of the fundamentals of the notes of the musical scale are 

not always exactly the same as the frequencies of the partials 

of a complex tone. However, the slight differences which 

sometimes exist between them are not important as regards 

this study. 

The following three chords are representative of the very 

large majority of chords in music: 


1. C, E, B flat, C. 
ae Sy 
3. F, A flat, C. 


The fundamental frequencies of each of the four notes 
in the first chord are partials of a fundamental frequency 
which is common to all four notes. The fundamental fre- 
quencies of each of the three notes in each of the other two 
chords are partials of two other fundamental frequencies, 
each of which is common to all three notes of the chord. 

The fundamental frequencies of the notes of the first 
chord are the 32nd, the 40th, the 57th, and the 64th partials 
of the C note, which is five octaves lower than the bottom 
note of the chord. Consideration of such high partials 
of such a low fundamental frequency is unnecessary, however, 
because sufficient accuracy is obtained by taking lower par- 
tials of a higher fundamental frequency. The fundamental 
frequencies of the notes of the first chord can therefore be 
considered to be the fourth, fifth, seventh, and eighth par- 
tials of the note C which is two octaves lower than the bot- 
tom note of the chord. For example: 


*10 Rockledge Road, Montclair, New Jersey. 


Fundamental 
Frequency of Partial of C Frequency of 
Note Note in eps" 32.703 eps Partial in eps 
c ie ne SS | Oe ae 
B flat 233.08 7th 228.921 
E 164.81 5th 163.515 
Cc 130.81 4th 130.812 
(G) (97.999) (3rd) (98.109) 
(C) (32.708) (ist ) (32.703) 


When we hear this chord, we also hear the difference 
tones. We hear the 34-cps difference between 164.81 cps 
and 130.81 cps, which is sufficiently close to the frequency 
of the first partial to give us that partial. We also hear the 
96.82-cps difference between 261.63 cps and 164.81 cps, 
which is sufficiently close to the frequency of the third partial 
to give us that partial. We are not concerned with other dif- 
ference tones. 

The fundamental frequencies of the notes of the F, A, C, 
chord are the fourth, fifth, and sixth partials of the note F, 
which is two octaves below the F note. For example: 


Fundamental 


Frequency of Partial of F Frequency of 


Note Note in eps" 43.654 eps Partial in eps 
c 261.63 6th 261.92 
A 220 5th 218.27 
F 174.61 4th 174.616 

Fr) (87.307) (2nd) (87.308) 
(F) (43.654) (1st ) (43.654) 


As with the other chord, we hear the difference tones. 
We hear the 41.92 cps difference between 261.92 cps and 
220 cps, and the 45.39 cps difference between 174.61 cps 
and 220 cps, both of which are sufficiently close to the fre- 


1 Based on the ASA standard of A — 440 eps. See American 
Standard Acoustical Terminology, Z24.1-1951, Table 6.4, p. 26, 
published by the American Standards Association, Incorporated, 
New York. 
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quency of the first partial to give us that partial. We also 
hear the 87.31 cps difference between 261.92 cps and 174.61 
cps, which gives us the second partial. 

The fundamental frequencies of the notes F, A flat, C 
chord are the 16th, 19th, and 24th partials of the note F. 
For example: 


Fundamental 
Frequency of 
Note in eps* 


Partial of F 
10.9135 eps 


Frequency of 
Partial in eps 


24th 
19th 
16th 


(8th) 
(3rd) 


261.924 
207.3565 
174.616 


(87.308 ) 
(32.7405) 


(87.307) 
(32.703) 


As with the other two chords, we also hear the difference 
tones. The 87.02 cps difference between 261.63 cps and 
174.61 cps gives us the eighth partial, and the 33.04 cps 
difference between 207.65 cps and 174.61 cps gives us the 
third partial. 

The same chords, played at the same location on the 
keyboard, correspond to both low and high partials. When, 
for example, the F, A, C chord is played with the top note 
at middle C of the piano, the notes correspond to the fourth, 
fifth, and sixth partials of F 43.654 cps, as has been shown. 
But they also correspond to the 8th, 10th, and 12th par- 
tials of F 21.827 cps. In this case, the difference tones pro- 
duce the second and fourth partials. They also correspond 
to the 16th, 20th, and 24th partials of F 10.9135 cps. In 
this case, the difference tones produce the fourth and eighth 
partials. Thus, the same chord, played at the same location 
on the keyboard, corresponds to both low- and high-num- 
bered partials, depending upon whether the assumed funda- 
mental is relatively nearby or distant. 

It has been assumed thus far that the fundamental is 
one of the octaves of the lowest note of the chord. It 
may, however, be some other note. When it is taken, a 
partial which was even-numbered—when an octave of the 
bottom note of the chord was taken—may now be an odd- 
numbered partial, and what was previously an odd-numbered 
partial may now be even-numbered. When, for example, the 
note D flat is taken as the fundamental of the F, A flat, C 
chord, the notes correspond to partials as follows: 


Fundamental 
Frequency of 
Note in eps 


Partial of D flat 
17.324 eps 


Frequency of 
Partial in eps 


Note 

: 259.86 
207.89 
173.24 
(86.620) 
(34.648) 


15th 
12th 
10th 
(5th) 
(2nd) 


261.63 
207.65 


A flat 
F 174.61 


(F) 
(D flat) 


(87.307) 
(34.648) 


It should be noted that when we listen to these or any 
other chords which have become generally accepted in music, 
we do not hear merely the fundamentals of the notes as 
partials of the lower frequency; the partials of all of the 
notes of the chord are also partials of the same lower fre- 
quency. Considering the F, A flat, C chord, for example, 
not only are all of the partials of the F note partials of 
the lower F note, but all of the partials of the A flat and C 
notes are also partials of the lower F note. They are also 
all partials of a lower D flat note, as D flat, F, A flat, C 
is a recognized chord. 


The manner in which our appreciation of tone quality 
changes with frequency can be found by having someone 
play these three chords on a piano. They should preferably be 
played by an experienced pianist in order that undue em- 
phasis will not be given unintentionally to any note. Using 
middle C as the top note of each chord, the pianist should 
play them a number of times, preferably in the following 
order: 


C, E, B flat, C; F, A, C; F, A flat, C. Then the F, 
A, C chord should be repeated. 


While these chords are being played, the following fea- 
tures should be noted: 


1. The sounds of the chords are dominated by the sounds 
of the B-flat, the A, and the A-flat notes. Any two notes 
can be left out of the first chord, for example, without 
greatly changing the sound, provided that the B-flat note 
is played. If the B-flat note is omitted, and the other three 
notes are played, the sound of the chord is completely 
changed. 


2. The effectiveness of the B-flat, the A, and the A-flat 
notes is relatively unaffected by the level of the sound. The 
effect is approximately the same when the chords are played 
softly as when they are played loudly. 


3. The effectiveness of the three notes is not subject to 
personal preferences. No listener objects to their effective- 
ness, provided they are not played louder than the other 
notes, or sustained for a longer period of time. 

To note the relatively narrow frequency range within 
which these notes are effective, the chords should be played 
at all octaves of the keyboard. But when comparisons are 
made between the effects at the different octaves, the pianist 
should make no use of the sustaining pedal and should not 
hold any chord down for more than approximately one- 
quarter of a second. There are two reasons for this: one 
is that the rate of decay of the sound is greater at some 
octaves than at others; the other is that this more nearly 
approaches the conditions in music, recognition of tone 
quality ordinarily being required within a very short period 
after the sounding of a note, due to the more or less rapid 
progression from note to note. 
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It is unnecessary for many people to listen to chords 
played in this manner to become aware of the rapid loss of 
effectiveness of important notes in a chord as it is taken 
further and further away from the frequency range in 
which chords are usually heard. When the chords are 
played on a piano, the fact is impressed upon a listener that 
their effectiveness is limited to a comparatively narrow fre- 
quency range. And in view of the very close relationship 
between chords and partials of a complex tone, a listener 
is likely to question whether the frequency range, in which 
the third or higher partial of a complex tone is effective, can 
be any wider. 

As the three chords are played in octaves higher and 
higher on the keyboard, the effect of the B flat, the A, and the 
A flat becomes smaller and smaller until their effectiveness is 
almost lost in the top octave. But the effect of the lowest 
note of each chord becomes greater and greater until, in the 
top octave, the most noticeable change is that from the 
bottom C of the first chord to the F of the other two chords. 
This shows that a frequency range has been reached in which 
the relative height of frequency is more noticeable than the 
relative energy in partials. 

When the fundamentals of the notes are in the top octave, 
many prominent partials of the notes are likely to be at 
frequencies higher than 10 kc. But we also iose the ef- 
fectiveness of the B-flat, the A, and the A-flat notes when 
we go down the octaves to the bottom octave of the keyboard. 

Thus far, the only factor involved in tone quality which 
has been considered is the distribution of energy in the 
various partials. Other factors involved in, or very closely 
related to, tone quality are brilliance and depth of sound. 


BRILLIANCE 


As the high frequencies which produce the effect of bril- 
liance are directive and are more readily absorbed than the 
mid-frequencies, the relative amount of brilliance which a 
listener hears is dependent upon: 

1. The brilliance at the source of sound. 

2. The acoustical environment at the source of sound. 

3. The location of the listener with respect to the source 
of sound. 

The effect of brilliance differs from the effect produced 
by the relative energy in the various partials in other ways. 

1. It varies with the level of sound of the high frequencies 
relative to the level at the mid-frequencies. 

2. The amount which is desirable is a matter of personal 
preference. (The amount preferred by some listeners is 
considered by others to produce a “tinny” sound.) 

It may be questioned whether brilliance is a part of tone 
quality or separate from but closely related to it. It is diffi- 
cult to consider it separate from tone quality, as the sound 
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produced by the use of a musical instrument is usually con- 
sidered its characteristic sound. Brilliance is a very promi- 
nent part of the characteristic sound of some instruments 
and of high notes produced by other instruments which are 
sometimes used in a lower register where brilliance of sound 
is not a noticeable feature. 


DEPTH OF SOUND 


It may be questioned, also, whether depth of sound is 
a part of tone quality. But an organ pipe weighing more 
than a ton and a bell weighing seventeen tons both have 
tone quality and are used for producing music; the pipe in 
association with other pipes and the bell in association with 
other bells. When they are played, the effect of depth of 
sound is much greater than the effect produced by the dis- 
tribution of energy in the various partials. 


THE THREE EFFECTS INVOLVED IN, OR RELATED TO, 
TONE QUALITY 


After the variations with frequency of the effect pro- 
duced by the distribution of energy in partials has been 
noted, it may be found possible to form a mental picture of 
the characteristic of this effect on the basis of frequency 
range and arbitrary units of effectiveness. This may be 
similar to the tentative characteristic A shown in Fig. 1. 

But tentative characteristics, showing the relationship 
between frequency and the effectiveness of brilliance and 
depth of sound, are not so readily arrived at. In both cases, 
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Fig. 1. Factors involved in tone quality. A represents timbre, 
which is considered to be independent of level. B is brilliance and 
C depth of sound. The last two are regarded as being dependent 
on level. 
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the effectiveness is not only dependent on frequency but 
also on the sound level. Furthermore, there is a cumulative 
effect to be considered regarding depth of sound. The 
64-ft. octave ordinarily includes only one fundamental at 
any one time. The 32-ft. octave ordinarily includes one 
fundamental and added to it is the second partial of what- 
ever fundamental frequency that there may be in the 64- 
ft. octave. The 16-ft. octave includes its own funda- 
mentals and whatever partials that there may be of notes 
in the 32- and 64-ft. octaves. So the effectiveness of the 
sound in the 64-ft. octave is only that of the fundamental 
of a note. 

That there should be three effects involved in musical 
quality seems evident from the history of music. Primitive 
man used nutshells strung together and rattled them to 
obtain brilliance of sound. He made large drums to obtain 
depth of sound. Because these objects were used in com- 
bination with rhythm, they were early musical instruments 
and not mere noise makers.? It was not until thousands 


of years later that the most elementary two-note chords 
came to be recognized.* Then, a considerable time elapsed 


2 Curt Sachs, The History of Musical Instruments, pp. 26-29, W. W. 
Norton and Company, Inc., New York, 1940. 

3 John Redfield, Music: A Science and an Art, pp. 73-76, Tudor 
Publishing Company, New York, 1935. 


before the major chord, such as F, A, C, came into use. 
Later, the minor chord, such as F, A flat, C was adopted. 
Still later, the dominant seventh chord, such as C, E, B flat, 
C, began to be used. Before this chord came into general 
use, it doubtless sounded very disagreeable to the large 
majority of listeners in much the same manner that the 
chords used by some modern composers sound strange to 
many of us at the present time. 

In view of the very close relationship between chords and 
partials, it seems likely that the appreciation of tone quality 
has not advanced more rapidly than the appreciation of 
chords and that sounds which have musical quality to us 
might have sounded as noise to most listeners some centuries 
ago. 

Some consideration of the historical background of music 
is necessary to appreciate thoroughly the fact that no new 
tone quality, resulting from the use of electronic instruments 
or otherwise, will be acceptable to the majority of listeners 
immediately. Evidently, we have to hear anything new in 
music a great many times—during which the sound is ob- 
jectionable to us—before it ceases to be disagreeable; and, 
then, a considerable time must elapse during which we ac- 
cept the sound before we come to like it. The large majority 
of us are much more interested in hearing the tone qualities 
and chords to which we have become accustomed, than in 
acquiring a liking for those with which we are not familiar. 


i 


ape 
Pe Y 
Fe 
rte 3 
ene 
ea 
aa 
a 4 
Pate : 
ey ; 
i Ve 
ove 
Per 
hess 
a be 
‘Os 
ae 
ees 
ay 
Be) ode 
ies 
paves 
ae 
ie 
BE 
Sar 
se 
We 
= am 
mig 
ie 
Lakes 
ee 
Sie 
is pats 
ae 
haeg < . 
ant 
Fa 
an ; 
ae 
erie F 
Mite j 
‘3 he 
Psa 
iad 
BE ae 
vie 
i ee 
Pe = 
 ¥ 
ice 
> ve 
sy ‘, 
be: 
(a 
1 
Ti mag 
sf dy, tae : 
a fons 
“UB ae 
wee x 
‘ae 
Se 
ict 
is" ey, 
oe 
oS coat. 
ee 2 
ny 
" ee 
Ln ia 
pei 
Bee 
pik 9, 
at 4 
Sige vis. 
rad 7 
aay yo 
ee 
on ane 
oS 
vie 
fi es 
Fg 
Seg 
a ay 
oo ot 
ae 
| =e 
hy ear 
Cen 
ee: 
a ae 
; eee 
ee a 
Be i 
“i ee 
Pe ay 
hie i 
Perks Ss 
ees 
Msn 
4 oh 
tba 
= aan 
SWE ca“, 
a ‘1 
ae) 
Beh 
rk 
SP ee 
fee aaa 
oe ated 
ae pe 3 
ene aly 
aan 
Hote hn 
oie Se 
je re ee 
ei gts 
‘Sears booed 
ei 
te ey ce 
DEON 
as pox 
Sire 
. Bete 
‘Saye 
a; 
i 


JOURNAL OF THE AUDIO ENGINEERING SOCIETY 


results. 


Measurement of Flutter and Wow in Magnetic-Tape 
Instrumentation Recorders” 


Joun T. MuLiin 
Bing Crosby Enterprises, Hollywood, California 


Specifications for all tape recorders for professional and instrumentation applications include 
performance figures with regard to flutter and wow. 


JULY 1955, VOLUME 3, NUMBER 3 


Techniques of measurement give divergent 


The method employed in the author’s organization is described, and a comparison is 
made of results obtained by this method and other methods of less precision. 


ANY conventional electrical recording system—be it 

disc, film, or tape—certain distortions in reproduction 
are inevitable. It is the purpose of this paper to discuss the 
properties of flutter and wow and the methods of measuring 
these disturbances. 

It is impossible to go through the process of recording 
and reproducing sound without having the medium experi- 
ence some instantaneous variations in speed due to mechani- 
cal properties of the system. Thus, we may find, in a typical 
instance, that when we record a stable 1000-cps tone, it 
is not reproduced as a 1000-cps tone of unvarying pitch but, 
instead, continually rises and falls in pitch. For example, it 
might rise momentarily to 1003 cps, then fall to 997 cps, 
again rise to 1003 cps, and so on. In this case, the system 
causes the frequency of the sound, as played back, to swing 
3 cps in one direction and 3 cps in the opposite direction, or 
to vary +0.3% from the original recorded frequency. 

The number of times per second that this frequency 
variation occurs is the rate of the flutter or wow. If this 
rate is less than 10 cps, the effect is called wow; if higher 
than 10 cps, the effect is known as flutter. 

In sound-recording systems, it is essential that these wow 
and flutter products be held below a certain limit in order 
to prevent the ear from detecting the objectionable forms of 
distortion characteristic of them. In recorders designed for 
instrumentation use, degrees of flutter and wow which are 
acceptable to the ear often cannot be tolerated, and it has 
become necessary to design elaborate tape drive mechanisms 
expressly for minimum flutter and wow performance. 


* Presented at the Third Annual West Coast Convention of the 
Audio Engineering Society, Los Angeles, February 9-13, 1955. 
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Naturally, the flutter and wow components of a given 
system can be quite complex, a mixture of many different 
sources contributing to the overall effect. 

For example, a capstan may cause wow at its rate of 
rotation, which, in a particular recorder, might be 6 cps. 
A rotating filter wheel might contribute a component of 2 
cps. A motor might add 20, 60, or 120 cps or even all three 
frequencies simultaneously. These are discrete frequencies, 
to be sure; in addition, there may be other disturbances in 
this range which may vary in frequency and amplitude with 
the amount of tape on a reel, motor torque, belt adjustments, 
and other causes. Difficulties of this type are clearly due 
to the mechanical deficiencies of the machine itself. 

Another source of flutter, however, is the sliding of the 
tape over the recording and playback heads and over any 
stationary guides or pressure pads which contact the tape 
in the vicinity of the heads. This is best described as 
“scrape” flutter. It is usually random in nature, with a 
concentration of energy in the vicinity of some discrete fre- 
quency of relatively high value, such as 1000 or 3000 cps. 
This type of flutter has most often been completely ignored 
in flutter analyses, because the usual commercial measuring 
devices do not observe anything having a flutter rate higher 
than 300 cps. 

The introduction of tape recording and the subsequent 
conversion of motion-picture sound-recording facilities from 
photographic to magnetic film has rendered such measuring 
devices obsolete, simply because scrape flutter is a factor 
which should be considered in all magnetic systems. 

It has been said that the ear cannot hear flutter higher 
than 300 cps. This may be true, but while one may not 
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hear the flutter directly, one may hear an unpleasant result 
of it. 


A pure tone of 3500 cps, for example, will not be re- 
produced as such from a machine having a high concentra- 
tion of scrape flutter at 3000 cps. The main products which 
the ear can detect, in this case, will be 3500 cps and random 
frequencies concentrated around 500 cps, although other 
frequencies may be present. Scrape flutter, of course, never 
occurs at a specific frequency, but tends to represent a ran- 
dom distribution of frequencies. 


It is enlightening to listen closely to the reproduction of 
a recorded pure tone which is slowly varied from one end 
of the spectrum to the other on a machine having a high 
degree of scrape flutter. Because the flutter is random in 
nature, the audible products, too, will be random. To the 
ear, the difference frequencies will appear to go through a 
sort of zero beat as the variable recorded frequency goes 
through coincidence with those frequencies representing high- 
est scrape-flutter energy. Since, in this manner, the nature of 
scrape flutter may be determined, to some extent, by the 
unaided ear, it is obvious that reproduced sound is not likely 
to be completely free of the effect. Certain critical listeners 
pride themselves on being able to tell—by listening— 
whether the material they are hearing is an original or a 
tape playback. Scrape flutter can impart a “windy,” 
“fuzzy,” or “noisy” sound to the reproduction. All other 
things being equal, the reproduced sound may not be as 
natural as the original because of this one defect, but the 
fault will remain undetected by conventional measuring de- 
vices. 


Let us now briefly review the generally approved method 


of measuring flutter. We will confine this discussion to the 
method as applied to a tape recorder. The process, however, 
is the same with any other medium. We must first record a 
steady tone onto a roll of tape. During this process, of 
course, the tape will experience the effects of wow and flutter, 
which will thus be recorded on the tape itself, resulting in an 
inherently imperfect recording. During playback, the 
machine will again contribute wow and flutter components, 
which will add algebraically to those already in the tape. 
The steady tone, with its variations in frequency and 
amplitude brought about by imperfections in the tape trans- 
port mechanism, is fed into an amplifier and then into an 
amplitude limiter. The limiter removes the amplitude 
variations. The only information remaining in the signal 
is, therefore, that conveyed by frequency variations. By 
means of an FM detector, this information is abstracted. 
The latter is a true representation of total system flutter 
only when it takes into account al/ the frequency components 
comprising this flutter. However, the accuracy of measure- 
ment is frequently limited at this point, because the com- 


ponents higher than 300 cps may be lost, due to the narrow 
bandwidth of the FM discriminator and the carrier-sup- 
pression filter which follows the detector. An indicator of 
some sort is used to measure this signal. In commercially 
available flutter meters, it is most generally a D’Arsonval 
meter, calibrated in percent flutter and wow. 


Here we can get into considerable confusion of terms. A 
meter indication of 0.25% is meaningless until a number of 
other things are known. First, the logical calibration for 
a meter is to read rms values. It is common practice with 
many tape-recorder manufacturers to measure flutter and 
wow in this way. On the other hand, at least one manu- 
facturer specifies average peak instead of rms values and 
hence this manufacturer’s indications are approximately 1.4 
times greater than those shown on an rms basis, and thereby 
correspondingly less flattering to the machine. 


Further, it can be seen from what has gone before, that 
readings will be a function of the observed flutter and wow 
spectrum. If one measuring device responds to frequencies 
from 0.5 to 4000 cps, the reading can be expected to be less 
favorable than that indicated on a unit which responds only 
to a range of 5 to 300 cps. Therefore, it is essential that 
the band of frequencies covered in the measurement be 
stated. 


Unless these two factors are made clear in the specifica- 
tion, the stated performance of the system with regard to 
flutter and wow is meaningless. 

While rms values are adequate to specify the wow and 
flutter performance of a sound recorder and to give a figure 
of merit somewhat comparable to the way the ear will assess 
it, this method is not at all suitable for instrumentation 
applications. Here it is essential that absolute peak-to-peak 
values be clearly specified, since the limits of performance 
of an elaborate servo system, for example, will be given by 
the peak deviations from true values rather than by their 
rms values. 

Since the waveforms of flutter and wow are always a 
complex mixture of many frequencies, the rms and peak- 
to-peak values cannot be expressed in the simple ratio of 
2.8 or 0.35. 

The ideal indicator for instrumentation measurements is, 
therefore, the cathode-ray oscilloscope. While a flutter in- 
dicator of this sort is more complex than one using a D’Ar- 
sonval meter, it has many compensating advantages. Ab- 
solute peak-to-peak values can be readily seen on a calibrated 
scale, and they can be photographed with continuously mov- 
ing film to provide visible analysis of system deficiencies. 

At a glance, the major contributing factors causing flutter 
and wow can be visually determined, since the oscilloscope 
trace can be synchronized to hold a given component sta- 
tionary on the screen. From this, the speed of the trace is 
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observed, giving the rate of periodicity of the offending 
mechanical component. 

Originally, Edward Kinny and William Ahlgren of the 
Ampex Electric Corporation designed an instrument em- 
ploying a 40-kc carrier frequency for use in checking their 
instrumentation recorders. 

This is a very sensible frequency to use in instrumenta- 
tion tests, because it makes it easy to provide a discrimi- 
nator having an output to 4 kc with full carrier suppression. 

The above unit, however, cannot be used directly on sound 
recorders having a response limited to 15 kc or less. There- 
fore, using this design as a basis, a frequency quadrupler 
circuit was added which enables a recorded 10-ke carrier 
to be multiplied up to 40 kc for insertion into the flutter 
bridge. A self-contained and calibrated oscilloscope and 
various spectrum cutoff filters were also added. 

In addition, the low-frequency response was extended 
down to dc. This is essential for accurate calibration, since 
known absolute frequencies can be read from a commercial 
decade counter and the degree of CRT spot displacement 
observed. 

In practice, the carrier frequency is raised and lowered 
0.05% from mean value, and the total excursion of the spot 
is adjusted by a gain control until it fits within two calibrat- 
ing lines representing a peak-to-peak flutter reading of 
0.1%. 

The device, in its full range position, shows all drift, wow, 
and flutter components from dc to 4000 cps. 


| w KC FREQUENCY 
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The accompanying figure shows a block diagram of the 
complete flutter indicator. 

A path is provided either through or around the 10-kc 
limiter and quadrupler blocks. When used for audio meas- 
urements, the 10-kc signal from the tape must first be ampli- 
tude limited. A series of three dual-triode cathode-coupled 
limiters are employed. Each of these is provided with a 
symmetry control to assure that amplitude variations will be 
completely prevented from causing phase modulation of 
the carrier. 

At the output of the 10-kc limiter stage, a full wave rec- 
tifier is provided, operating on a reshaped 10-kc sine wave. 
This provides a strong second harmonic of 20 kc, which is 
again shaped to sine-wave form and passed through another 
full-wave rectifier, thereby providing a signal of 40 kc. 

Although further limiting of the signal so derived from 
10 ke is not necessary at this point, a 40-kc limiter of two 
stages is provided. This is essential if the frequency re- 
corded on the tape is 40 kc, as is the case in high-speed in- 
strumentation recorders. 

The constant-amplitude signal coming out of these limiter 
stages is shaped again into a sine wave and applied to the 
FM discriminator. Here, two coils, one tuned. above, and’ 
the other below the carrier frequency, feed diodes. The out- 
put of the diodes is essentially a dc voltage with ripple at the 
carrier rate. The diodes are connected with the dc voltages 
in opposition, resulting in a net voltage of zero at the center 
frequency of the 40-kc carrier. One coil is peaked at 35.5: 
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Block diagram of the complete flutter indicator. 
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ke and the other at 44.5 kc. While the deviation in fre- 
quency of the 40-kc carrier is seldom in excess of +1% in 
the worst cases of flutter, the additional bandwidth of this 
discriminator is necessary to pass the sidebands representing 
flutter components up to 4 kc. 

A three-position sensitivity control follows, which per- 
mits the oscilloscope graticule marks to represent 0.1%, 
0.3%, or 1.0% peak-to-peak flutter, as desired. 

Three filters follow, which may be selected at will to 
pass zero to 100 cps, zero to 300 cps or zero to 4000 cps. 
Following these, a dc amplifier supplies vertical deflection 
voltages for the oscilloscope. 

The horizontal time base is of variable speed and can be 
synchronized to components in the flutter signal. It is cali- 
brated in such a way as to enable the frequency of such com- 
ponents to be readily determined. 

A 2-in. cathode-ray tube is employed. The graticule 
marking vertical deflections is calibrated to read 0.1%, 
0.3%, or 1.0% per division, a division being 5/16 in. 

The zero-to-4000-cps filter position indicates all measur- 
able flutter of any significance. It includes mechanism and 
scrape flutter. 

The zero-to-100-cps filter provides a convenient method 
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of observing those wow and flutter components which are 
essentially machine deficiencies. 

The zero-to-300-cps filter provides a ready comparison 
between the results obtained by flutter meters which do not 
respond to frequencies higher than 300 cps and the full 
range response of this instrument. 

Compared with the flutter reading secured with the cutoff 
set for 300 cps, the reading secured in the full-range, 4000- 
cps position may be anywhere from 20 to 200% greater, 
depending on the design characteristics of the machine being 
tested. 

We may conclude from these findings, that flutter and 
wow may be expressed in two figures: 

1. A flutter and wow figure for all frequencies from zero 
to 300 cps. 

2. An additional flutter and wow figure for all frequencies 
from zero to 4000 cps. 

In order to describe the performance of a given machine 
more accurately, meter readings should be given in rms 
values for audio recorders and in peak-to-peak values for 
instrumentation recorders. 

Without such complete data, the performance specifica- 
tions of a particular machine have little significance. 
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High-Efficiency Three-way Speaker System* 


Saut J. Wurtet 


With the improvement in response of “extended-range” single loudspeakers, questions have been 
raised about the advantages of multispeaker systems, particularly for home use. This paper dis- 
cusses these advantages and describes a specific triple-range system consisting of a folded-horn 
woofer, and horn-type mid-range and tweeter units—all of the indirect-radiator type. Compression- 
type, horn-loaded units result in substantial improvement in efficiency, reduction of distortion, and 
increase in overall response. An integrated system of acceptable dimensions for home use is described. 


HAS BEEN known to workers in the loudspeaker field 

that the efficiency of a horn-type speaker, equipped with 
a compression-type driver unit, is many times greater than 
that of a cone speaker functioning as a direct radiator, i.e., 
where the cone is directly exposed to the atmosphere. In 
high-fidelity systems for homes and studios, the use of direct- 
radiator cone speakers has, to date, far exceeded the use of 
horn-type speakers. It has been the practice to employ 
direct-radiator cone woofers. Whenever a separate middle- 
range speaker has been used, it has been of the direct-radiator 
type. For the high-frequency end, generally, a horn-type or 
compression tweeter has been utilized. There has been some 
resistance to the wider adoption of horn-type speakers for 
the middle range, usually on the grounds that a so-called 
“horn-like” quality was present. This paper will show that 
this prejudice against horn-type units has no authentic basis, 
and furthermore, that great advantages are available from 
true horn-loaded speakers in almost every respect, namely, 
conversion efficiency, smoothness of response, and reduction 
of distortion. The advantages of the horn-loaded woofer are 
now common knowledge. This type of speaker finds appli- 
cation in the better systems. The principles of such a woofer 
will be reviewed later. 


THE DRIVER-UNIT AND HORN SPEAKER 


Figure 1 compares the response curve of a 12-in. cone 


* Presented at the Sixth Annual Convention of the Audio Engineer- 
ing Society, New York, October 14—-16, 1954. 
+ 82 Elm Street, New Rochelle, New York. 


speaker of better-than-average efficiency with the response 
curve of a horn-type driver-unit speaker which could serve 
as a middle-frequency unit. Although this type of com- 
parison has been familiar to workers in the field for many 
years, it is nevertheless a startling disclosure to newcomers 
in audio reproduction, There appears to be no justifiable 
reason why this horn-unit class of loudspeaker should not 
serve in reproducing systems of the highest quality. Al- 
though the cone-type speaker is admittedly vastly superior 
in the low-frequency region, this is due mainly to the fact 
that in the indirect-radiator unit, low frequencies are limited 
by the acceptable size of the projector or horn. Here we see 
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Fic. 1. Response curve of 12-in. direct-radiator cone speaker 
compared with the response curve of a driver-unit horn-type speak- 
er. The dotted curve represents the response characteristic of Uni- 
versity model No. 6200, mounted in a 5-eu.-ft. bass-reflex cabinet. 
The solid curve represents the response of a University Cobreflex 
horn with an SAHF driver. In both eases, the input power is 1 
watt and the distance at which measurements were made, 6 ft. 
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the response of a projector which is designed to cut off at - 


approximately 250 cps. From this point on upward, there 
is a 10-db gain in sensitivity over that of the cone speaker. 

At this point, I would like to state that a 10-db gain in the 
output of a loudspeaker is very difficult to attain. Although 
the horn-type speaker possesses this advantage over the 
cone-type speaker, we do not believe that an additional im- 
provement of this magnitude is possible with any one type 
of speaker in the foreseeable future. Improvement in loud- 
speaker conversion efficiency comes about slowly with the 
years and at considerable expense. It should be noted, in- 
cidentally, that the response of the horn-type unit, given in 
Fig. 1, is considerably flatter, despite some variations, than 
that of the cone-type unit. 

What are the reasons for this superiority of the horn-type 
speaker over the cone? 

1. The indirect radiator utilizes a very small and light 
moving system. For instance, the driver unit used in these 
measurements had a combined diaphragm and voice-coil 
weight of 112 grams, whereas the moving system of the 
12-in. cone was approximately 20 grams. In the case of a 
15-in. cone speaker the moving system may weigh as much 
as 40 grams. 

2. Since the voice coil in the indirect-radiator is light and 
small, it occupies less gap volume. Therefore, the gap dimen- 
sions, both axially and radially, are small compared with 
the gap requirements for a cone speaker. The smaller the gap 
volume for a given weight of magnet, the greater will be the 
flux density. This, in turn, makes possible greater efficiency. 
A cone speaker of above average design will have a gap 
density of about 10,000 gauss, whereas, even a run-of-the- 
mill driver unit having the same voice-coil diameter and 
weight of magnet has a gap density of 16,000 gauss, due to 
the smaller gap area required. 

3. Another characteristic which contributes to the ef- 
ficiency of the driver unit is the fact that the horn tends to 
develop directional characteristics for the radiated wave, 
confining it to a narrower beam. This shows up as a greater 
concentration of acoustic energy. A cone radiator operating 
in a conventional enclosure, on the other hand, will yield a 
wider dispersion, and therefore less intensity at points close 
to the center axis, where most listening takes place. How- 
ever, in the case of the speakers under discussion, a new 
horn principle for wide dispersion is employed. 

Some complaints—and justifiable ones, too—against the 
use of the horn-type speaker have been that there is a sort 
of “barrel-like” or “horn-like” quality which characterizes 
the speaker. Some listeners claim they can always tell when 
a horn-type mid-range unit is incorporated into a system. 
Such a horn-like quality may truthfully exist, but this is 
attributable, not to the principle, but mainly to the fact that 
the horn member, if of light construction, becomes resonant 
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of itself and propagates transverse waves because of the 
vibration of the walls of the horn. Such resonance may also 
be due to improperly designed speakers having large peaks. 
Any peak or aberration in response results in a distinctive 
but peculiar characteristic and also contains additional 
energy for driving the walls of the horn (which, of course, 
should be strictly silent). 

However, these shortcomings need not exist. It all de- 
pends upon the construction of the speaker, and particularly 
the horn. In the design illustrated in Fig. 2, the horn mem- 


Fig. 2. Design for mid-range horn (Cobreflex-2). 


ber is die-cast, making it extremely solid. In addition, it is 
clamped at so many points along the air column that trans- 
verse vibration or resonances of the walls are effectively 
suppressed. We need only point out that motion-picture 
theatres have utilized horns—and quite large horns, at that 
—for the middle- and high-frequency ranges. Yet we all 
know that there is no evidence of horn-like quality in a 
motion-picture system. In fact, the reproduction of a 
motion-picture system is so nearly perfect that it is the envy 
of the advanced audiophile. 

One other criticism against the use of the horn system for 
the mid-range unit has been on the’ grounds of too much 
efficiency. We do not hold with such a contention, since so 
large a part of loudspeaker research has been in the direction 
of greater efficiency. Where various speaker units must be 
balanced in a two- or three-way speaker system, there can 
be no objection if one of these units shows higher efficiency. 
Some form of attenuation can be introduced, very readily, to 
meet the desires of the particular listener. 


THE LOW-FREQUENCY UNIT 


As far as the woofer or low-end section is concerned, a 
similar true horn assembly is followed here. We believe, and 
Paul Klipsch has shown this to be true, that when a 15-in. 
cone is enclosed in such a way that it functions as a com- 
pression-type unit (wherein only the front radiation is util- 


Brak 
ee 
Tas 7 . 
i 

wi = aS 
ae 
3 SS 
kc ' 
& ~ . 
lass 
< es, ° 
a y 

ad 
ae 
or 
ay 
; ae 
eae aan 
mare 
“le ; 
Ee 9 7 
aS 

aie 
ae 
a 
owe 
a 
ee 
poe . . 
So *. 
ad 
yee = « 
: ey q — uM ra 
cS val 
a a . : si 
aie = : 
ais, = Pt a ' 4 
<< hgeae ..— = a ee oe fi ; Ne 
is mad -_ Ff, —, aye, a bb 
ex. 7 F A “ 
Ss hie 4 ” 
aes a , 
es % é 
ete ial a 
ff & oT P * ; Ef * 
Sci ; é ie 
iwi F 
ie Ss 
ae ; 
#45 . 
wea | 
pane 
+e. 
tangs 
aan 
igen , 
ne 
eat ‘s 
bee ee 
23 ie 
“om 
Ki 
R a) ml 
Eye J 
ra 

Pei 
“sa ea 
Bias. 
Tea 
Brae, 
fae ie . 
a 
is Ase : 
23 Me g 
ee 
te 
ae 
Hee 
ee 
ae 
ee 

Pry 
et ° 
ee = 

ee ta 
beim Paes 

ye 

Sr 
Joie 
boeath 

By Satis 
. a “4 € 
ose ee 
eres , 
sre? 
edd 
a ee, 
dors 
rey eaped 
pea 
ehhh & 
= es 
weet a 
Bg (tha fk 
iss 
Mk 
3 @ she 
rs ea 
Sux * 
be a Fe 
v 


ized) with an accurately designed flare, the efficiency will 
exceed that of the best form of more conventional enclosure, 
such as the bass reflex or the infinite baffle. However, for 
a 15-in. cone, or in fact any type of cone, to reveal its maxi- 
mum efficiency, it is necessary that the following design 
features be incorporated: 


1. The rear of the cone must operate into a tightly sealed 
cavity of comparatively small volume. The reasons for this 
will be set forth later. 


2. The front of the cone must operate into a throat possess- 
ing some special acoustic properties, in order to develop a 
high-pressure area and cooperate with the capacitance value 
of the rear cavity. This, in turn, is developed into a horn 
which follows a flare rate of some value in the neighborhood 
of the low-frequency capabilities of the unit and the space 
it is to occupy. We find that a 40-cycle flare is about the 
lowest limit possible. Otherwise, the horn would become too 
long; it would require impractical physical dimensions and 
would terminate in a much larger mouth before the walls 
of the room took over. 


Figure 3 shows the configuration for the air column; 
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Fig. 3, Air column, horn-type woofer, top removed. 


since the woofer is intended to reproduce frequencies below 
400 cps, the curves or bends in the air column have no 
effect on these low frequencies. Of course, high-frequency 
losses develop because of unequal path length around the 
bends, but this is of no consequence in the case of a woofer. 

The use of a 15-in. woofer, or the largest practical cone 
size, does not contradict the -Statements previously made 
regarding the advantages of isidirect radiators over direct 
radiators, since this woofer functions as a true compres- 
sion-type driver unit and horn, By that we mean that 
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the diaphragm is not exposed to the atmosphere. The 
rear volume, because of its rather small dimensions, acts as a 
compression chamber, serving as an acoustic capacitance. 
The throat area is designed to have the proper admittance 
in conjunction with this rear cavity, but because we initially 
start with a large piston diameter, and hence a larger throat, 
we achieve the necessary mouth area in a much smaller 
physical size than would be the case had we started with, 
say, an 8-in. or a 6-in. cone. 

In a low-frequency folded horn, the loss of high frequen- 
cies due to the bends is actually an advantage, since it assists 
the work of the crossover network. Such horns are also 
notable for the comparatively small space which they oc- 
cupy, compared with straight horns or other systems of 
equivalent performance. This woofer enclosure is capable 
of radiating a clean fundamental down to approximately 35 
cps with an efficiency at the center of its transmission band of 
approximately 50%. The rear cavity is designed to offset 
the mass reactance of the throat impedance at low frequen- 
cies. The volume for this rear cavity is given theoretically 
by the equation, 

V = 29 (Ae X LZ) 
where V = volume in cubic inches. 
Ay = throat area in square inches. 
L = length of air column for which the area doubles. 
(This is established by the selected cutoff flare.) 


In this case, the rear cavity has a volume of 2 cu. ft, the 
throat area is 80 sq. in., and the axial distance within which 
the horn area doubles is 15 in. This equation presumes the 
suspension compliance to be infinite, which is not the case. 
Some experimental adjustment is, therefore, necessary. The 
woofer employed here has extremely high compliance. It is 
free to execute large excursions, and yet remain reasonably 
within the area of uniform flux. Thus, we find the above 
formula to be reasonably applicable. 

In terms of distortion, there is a great deal less harmonic 
generation in the horn-loaded system than in a direct- 
radiator system. The horn-loaded diaphragm works against 
a real impedance component, which provides smaller dia- 
phragm excursion and thereby greatly reduces the harmonic 
generation. Notice the absence of any resonant peak 
(Fig. 4). For a given sound output from a horn and 
from a direct radiator, the diaphragm of a horn-loaded sys- 
tem will move far less, with respect to amplitude of excur- 
sions, than the cone of a direct radiator. 

We have said that the low-frequency horn cutoff fre- 
quency is 40 cps. It is desirable to have the resonance fre- 
quency of the speaker somewhat below the horn cutoff, in 
spite of the fact that the compliance of the cone would seem 
free to obtain a resonant or unloaded condition, with result- 
ing disadvantages because the available horn range has been 
exceeded. In any case, the resonance frequency of the driver 
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Fic. 4. Response curve of a 15-in. woofer in a bass-reflex cabinet 
compared with the response curve of a 15-in. woofer in a folded- 
horn eabinet. The dotted curve represents the response of a 15-in. 
woofer mounted in an 8-cu.-ft. bass-reflex cabinet. The solid curve 
represents the response of a 15-in. woofer in a horn-loaded cabinet 
(folded). In both eases, the input power is 1 watt and the distance 
at which measurements were made, 6 ft. 


is set at the point where the resistive component presented by 
the throat of the horn properly loads the diaphragm and thus 
limits its excursion to the linear range of operation, as deter- 
mined by the selected horn. Some useful reactance and 
sound energy is obtained below the 40-cps cutoff, because 
experience has shown the resistive component presented to 
the throat still exists at some reasonable value below cutoff. 
For this reason, the cones have a free air resonance of 35 cps. 


Recently, there has been a trend toward the so-called com- 
pound enclosure, in which a cone-type speaker is utilized 
as a direct-radiator for the front wave and a so-called horn- 
loaded design incorporated for the rear wave, which is 
usually reflexed to emerge in conjunction with the walls of 
the room. This type of enclosure does not operate as a 
compression system, since the front of the cone is directly 
exposed to the atmosphere and so lacks the necessary loading 
reactances. 


Under such conditions, any measures applied to the rear 
wave can have only a minor effect. This is particularly true 
where the rear cavity, as is usually the case, has relatively 
large volume and is incapable of serving as the necessary 
acoustic capacitance, or “acoustic spring,” as we sometimes 
call it. 

In some other designs, the rear cavity has a narrow 
escapement, which acts as a low-pass filter, permitting the 
low-frequency rear energy to be developed through a con- 
struction resembling a folded horn. However, we have found 
by measurements and listening tests that any measures 
adopted to supplement the direct-radiator action are of minor 
value. In fact, a properly designed bass reflex still remains 
one of the best and most reasonably priced enclosures for 


effective extension of the bass. Still, at least 5 to 6 db more 
output is possible using a true horn-loaded system. Those 
who have compared the original Klipsch, or similar horn-type 
woofers, with other enclosures are aware of this fact. 


THE HIGH-FREQUENCY UNIT 


The high-frequency unit is actually a super tweeter which 
operates in the range above 5 kc. This embodies all the 
advanced principles for high-frequency projection, such as 
compression chambers, both in front and behind the dia- 
phragm. The internal rear volume is less than 1 cc. The 
front surface of the diaphragm faces a phasing plug to elim- 
inate phase inequalities from sound generated by various 
surfaces of the diaphragm relative to the throat. Here again, 
all the advantages of the indirect-radiator type of speaker are 
obtained and, more particularly, because of the relatively 
narrow transmission band of this unit, the efficiency is main- 
tained at an extremely high level. Actually, this unit operates 
over a range of only two octaves. This affords an oppor- 
tunity to develop extremely high efficiencies. 

Note, that for both the mid-range and the high frequencies, 
the horns are of unique design, with the intention of affording 
wide angle projection. The mid-frequency horn in particu- 
lar covers an included angle of 120° with no more than 
a 6-db variation in energy distribution between the on-axis 
and the 60° off-axis positions. (See Figs. 5, 6, and 7.) 

A simplified three-way network is associated with this sys- 
tem, which affords approximately a theoretical 6-db-per- 


Fig. 5. Exterior, three-way horn-speaker system. 
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HIGH-EFFICIENCY THREE-WAY SPEAKER SYSTEM 


octave rolloff between speakers. This network has not been 
evolved for reasons of economy but is the product of exten- 
sive listening tests, since, by all theoretical considerations, a 
greater rolloff attenuation would appear to be called for. 
However, A-B tests have shown that a more elaborate net- 
work in this particular horn assembly is not justified, since 
the acoustic cutoff of the horns follows the electrical cutoff, 


Fic. 6. Interior, cabinet of three-way speaker system, with 
woofer cavity closed. 


Fic. 7. Interior, cabinet of three-way speaker system, with 
woofer cavity open. 


taking over the filtering action and providing a rather rapid 
rate of attenuation. The small overlap of energy between 


speakers does not adversely affect performance. As far as 
we can determine, it seems unnecessary to take special meas- 
ures to avoid “double sources” or multiple paths between the 
speaker system and the listener, although in other types of 
multiple-speaker systems, sharper electrical cutoff action 
may be called for. 
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Practical Tape Duplication* 


Ross H. SNYDER 
Ampex Corporation, Redwood City, Calif. 


Design considerations affecting the manufacture of a tape-duplicating apparatus are presented. 
These include acceptable signal-to-noise ratio, frequency response, distortion, and timing stability. 
Alternative desirable operating methods are considered. The high-speed production of a relatively 
small number of copies from each one of a large number of master tapes calls for very different 
apparatus from that required for the production of large numbers of copies from a relatively 
small number of master tapes. A reasonable compromise with both operating methods is proposed. 


The problem of equalization is dealt with. 


THE WINTER of 1952, several manufacturers worked 

on the development of continuous-playing, magnetic- 
tape reproducers capable of producing up to eight hours of 
unrepeated background music, and automatically repeating 
their program. It became evident that a device for the high- 
speed production of many copies of an original master tape 
would soon be a necessity. The need for such a device was 
emphasized by the increasing use of tape as a replacement 
for 16-in., 3344-rpm discs in the broadcast industry. The 
re-usability of tape and the possibility of rapidly producing 
multiple copies without expensive intermediate steps made 
the use of the tape medium desirable. And, of course, even 
then, there was belief that pre-recorded tape for the home 
consumer was soon to become a reality. An engineering 
project was, therefore, instituted, with the following ob- 
jectives: 

1. The machine must be capable of producing copies, 
whether from 334-, 7%2-, or 15-ips masters, which were 
duplicates of the original tape in every respect, within limits 
of the following tolerances: 

a. +2 db from 50 to 5000 cps, +4 db from 50 to 7500 

cps, from 334-ips tape masters. 

b. +2 db from 70 to 10,000 cps, +4 db from 50 to 

15,000 cps, from 7'2-ips masters. 

. Signal-to-noise ratio exceeding 45 db in 334- or 74-ips 
duplicates, 50 db in 15-ips duplicates. 

. Flutter and wow not exceeding 0.2% rms, by the 
“average peak” measuring method, measuring all com- 
ponents up to 300 cps, at any duplicating speed. 


* Presented at the Third Annual West Coast Convention of the 
Audio Engineering Scciety, Los Angeles, February 9-13, 1955. 


2. Not only must the duplicator be capable of making 
numbers of copies of a single master recording simultane- 
ously, but the apparatus must be so designed as to be capable 
of reproducing a small number of copies of a number of 
different masters in a time period substantially less than that 
required to copy at the 1:1 velocity. 

3. The apparatus must be capable of expansion—to pro- 
duce more copies simultaneously—by the addition of discrete 
compatible units whose installation should not require lab- 
oratory skills. 

4. All controls over start, stop, and record should be cen- 
tralized. 

5. The duplicator must be capable of producing copies of 
full-track recordings, half-track recordings using separate 
tracks on each side of the tape, and of two-channel stereo- 
phonic recordings, each at a single pass through the 
mechanism. 

The process of duplicating known as “printing” was first 
explored. (This process, which has been the subject of 
considerable experimentation in the past, makes use of the 
phenomenon which occurs when a recorded magnetic tape 
is placed in close proximity to an unrecorded tape in the 
presence of an alternating magnetic field of controlled in- 
tensity.) The results were discouraging, especially where 
frequency response and signal-to-noise ratio in the duplicate 
copy were concerned. 

A master-capstan type of drive system was considered 
where the master tape and the tapes on which the copies 
were to be made would be driven from a single capstan. 
Upon investigation, the problems of flutter, wow, and head 
alignment involved in such a machine proved formidable. 
These problems, plus the requirement that the system be 
easily expandable without laboratory skills, combined to rule 
out this design. 
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The requirement that the machine be capable of rapid 
production of a few copies of each of several different master 
recordings made attractive the prospect of operating the 
master and recording duplicator machines at speeds much 
greater than those at which the original master recording 
had been made. A wealth of experience was at hand in the 
practical and dependable operation of tape recorders using 
tape speeds as high as 60 ips for instrumentation purposes. 
This was the approach upon which the project ultimately 
settled. 

It is evident that an original half-track recording, made at 
3% ips, if duplicated at 60 ips, with both tracks being copied 
simultaneously, would result in a speedup in the duplication 
process of 32:1. That is to say, a 1-hour original master 
tape might, under these circumstances, be duplicated in 2 
minutes. As there is no limit to the number of high-speed 
duplicators that may be connected to the master playback 
system, it is conceivable that a large number of tape copies 
may be made in a 2-minute period. 


This approach to the duplication problem was not without 
its problems. Consider the frequency range which must be 
accommodated by playback heads, playback amplifying 
equipment, record amplifiers, and recording heads under 
these circumstances. It is entirely feasible to produce a 
master recording, at 334 ips, with frequency response from 
50 to 7500 cps. Expanded by a factor of 16 (334 ips to 


60 ips), this becomes a frequency range of 800 to 120,000 
cps. Original recordings, made at 7% ips, may, in the 
present state of the magnetic recording art, be laid down 
over a frequency range of 40 to 15,000 cps with good re- 
sponse. Expanded by a factor of 8 (7% ips to 60 ips), 
this becomes a frequency range of 320 to 120,000 cps. Tape 
masters, made at 15 ips, with a frequency range of 30 to 
15,000 cps, require a response of only 120 to 60,000 cps for 
60-ips duplication. 

The holding of very narrow limits in frequency response 
between the original and the duplicate at frequencies of 120 
to 120,000 cps, at a tape velocity of 60 ips, does not present 
the same problems as a frequency-response range of 30 to 
15,000 cps at a tape velocity of 7% ips, even though the 
wavelengths as recorded on the tape are the same. Difficul- 
ties arise in the performance of both the playback and record- 
ing heads at these frequencies that are not encountered at 
the lower frequencies. Electrical losses (that is to say, 
hysteresis losses) in the core structure of the playback head, 
which may be difficult enough to cope with in the frequency 
range between 10,000 and 15,000 cps, become increasingly 
important in the range between 15,000 and 120,000 cps. 

By experimentation and selection of favorable cross- 
over points in the parameters which describe resonance, 
voltage output, gap dimensions, and frequency response, it 
developed that a practical head structure could be attained. 


It will be seen that the maintenance of a signal-to-noise 
ratio of 45 to 50 db across a bandwidth of 120 kc is a much 
more exacting requirement than the maintenance of such a 
figure across the 15-kc bandwidth which is characteristic of 
audio recordings. Noise, of course, is, in general, linear with 
respect to frequency. Each 1000-cps increment within the 
passband may be expected to make an equal contribution to 
the total noise of the system, if we assume that all noise 
sources are “pure”. This effect cannot be greatly alleviated 
by the use of appropriate equalization techniques, because 
of the compromises imposed by the necessity of compensa- 
tion for gap null and electrical losses in the playback head. 

The playback equalization curve finally arrived at differs 
from that which is conventionally employed in tape playback 
systems not only in range of frequencies, but also in general 
configuration. The standard NARTB playback character- 
istic declines at a uniform 6 db per octave for all frequencies, 
except as it departs, in the direction of flatness of response, 
by 3 db at approximately 3000 cps at 7% ips. (See Fig. 
1.) Duplicators set up for 60-ips duplicating speed have a 


FREQUENCY IN CYCLES PER SECOND 
Fic. 1. Standard frequency-response curves, 


playback characteristic which declines at the 6-db-per-octave 
rate to about 15,000 cps, then rises at a 6-db-per-octave 
rate to 120,000 cps. The “‘tip-up” in each case may be re- 
garded as compensation for hysteresis losses in the playback 
head. (See Fig. 2). 

Complementary to the playback curve, of course, is the 
recording characteristic. In the present case, the equaliza- 
tion of the record amplifier may be regarded as, primarily, 
compensation for resonance effects in the magnetic heads. 
It should be remembered, in examining this procedure, that 
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Fic. 2. Master playback amplifier response. 


in duplication, we may take advantage of the fact that the 
tape masters need not be returned to theoretical “flatness” 
before duplication. The playback system should be so de- 
signed as to pass such pre-emphasis as may already be 
present in the master tape. All equalization techniques may 
then be aimed at compensating for head losses. Related to 
constant-current, the record curve in the present duplicating 
system is flat from 100 to 50,000 cps, then ascends rapidly, 
at the 60-ips tape velocity, to a peak of slightly over 15 db 
at 130,000 cps. (See Fig. 3). 


120,000 cps at the 60-ips velocity. Response beyond 
the 120-kc point drops off rapidly because of gap null, 
and because every advantage has already been taken of 
such effects as head resonance, peaked equalization curves, 
etc. 

Reduction of noise in the system imposed the necessity 
of using every possible technique to extend frequency re- 
sponse by means which did not sacrifice signal output from 
the playback head, or unduly reduce the level at any point 
in the record electronics system. The maintenance of rela- 


v4 


Fic. 3. Master recording equalizer curves. Series 3200 tape duplicator system. 


Response of the entire system (see Fig. 4)—from master 
tape to duplicated tape—may, with good maintenance pro- 
cedures, be held to very narrow limits from 100 to 60,000 
cps, in the case of 30-ips tape velocities, and from 200 to 


tively high levels of output from the heads and of relatively 
high signal strength at all points in the record system—both 
before and after equalizers, the use of carefully selected low- 
noise resistor components, and the operation of electron 
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Fic. 4. Typical overall playback response of the entire system—from master tape to dupli- 


eated tape. 
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tubes at the most favorable signal-to-noise points, made 
possible the realization of the original design objective as 
regards overall signal-to-noise ratio. 

The overall effectiveness of the duplication system de- 
scribed may best be judged by listening to a tape, originally 
made on good quality tape-recording equipment, duplicated 
by the method described, then played through a tape repro- 
ducer of high-quality reproducing characteristics, with a 
loudspeaker and amplifying system of good design. 

The requirement for centralized control was met by a form 
of interconnected remote controls, using time-delay relays, 
so as to energize all top-plates for either play or stop modes 
simultaneously. The time-delay relay, switched into the 
circuit by the pLAy-RECcorD button on the centralized control 
panel, applies record current immediately after all machines 
come to stable operating speed. Power for all elements of 


the system is likewise routed through this panel. (See Figs. 
5 and 6.) 

A single bias oscillator of high output power capabilities, 
excellent waveform and low internal source impedance was 
designed for rack mounting, and was provided with a meter 
which is pre-calibrated for correct operation at the zERo 
position. (See Fig. 6.) The connection of additional slave 
duplicators, up to ten in number, has little effect upon the 
value of the output voltage, due to the low internal source 
impedance which is characteristic of the design. (The slave 
duplicator is pictured in Fig. 7.) 

The master playback system consists of one upper half- 
track playback head, and one lower half-track playback 
head, no full-track head being used. At the high tape veloci- 
ties at which the duplicator operates, it proved to be un- 
necessary to provide a full-track head to obtain adequate 


Fig. 5. Series S-3200 tape duplicator array. Master playback machine is at left. The master 
electronics are on the rack. Three slave duplicators are at the right. 
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Fic. 6. Series S-3200 tape duplicator master electronics and cen- 
tralized control panel. 


drive voltage for the playback electronics. Full-track and 
upper half-track tapes are reproduced by the first of these 
two heads, while the lower half-track is reproduced by the 
second playback head. 

Stereophonic tapes may be duplicated with the machine, 
since the distance between the gaps of the master playback 
mechanism is standardized at the same distance as that be- 
tween the half-track record heads of the slave duplicators. 
Thus, on the duplicate tape, the same information appears 
at equivalent places on each side of the tape. The gap dis- 
placement error is held to within 0.001 in., by the applica- 
tion of rigorous quality-control methods in manufacture. 
Thus, a duplicated tape will be, within the specifications laid 
down as project objectives, identical with the master tape 
both in response and in the relative position on the tape of 
the two recordings. 

Two separate channels of record-amplifier electronics are 
provided, in order that half-tracks on each side of a master 
tape may be copied simultaneously, and in order that two- 
channel stereophonic tapes may be copied at a single pass 
through the mechanism. The electronics are symmetrically 
arranged on the chassis, their controls appearing symmetri- 
cally on the front panel in rack-mounting form. (See Figs. 
5 and 6.) These amplifiers, being common to all their asso- 
ciated record heads, like the bias oscillator, are designed to 


have high power-delivery capabilities and low internal source 
impedance. Gain controls and VU-meter indicators are pro- 
vided on each channel, so that the level on the duplicated 
tape may be made different from that on the master, if so 
desired. Equalization controls appear in duplicate, and 
positions for operation at 30 ips, 60 ips, and 60-30 ips are 
plainly indicated. 

It is interesting to note that the duplicator, in the course 
of development, appeared to be adaptable to the purpose of 
manufacturing tapes to play at 334 ips, from master tapes 
recorded at 7% ips. Since the shape of the equalization 
curve for 334-ips playback is different from that for 714 ips, 
the signal from the master tape had to be modified by 
equalization in order to produce a duplicate tape, at the 
lower speed, having the correct equalization. Under this 


procedure, the master tape is reproduced at 60 ips, while 
copies are made at 30 ips. While the speedup of operations 
is not so great as with operation of both tapes at 60 ips, this 
feature has permitted some studios to prepare both 714- and 
334-ips copies of the same material, without having to pro- 
vide themselves with a 334-ips master recorder for the pur- 
pose of producing a 334-ips master. Thus, the introduction 


Fic. 7. Series S-3200 tape duplicator slave recorder, showing the 
controls and adjustnients. * 
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of another generation between the master and the ultimate 
copy has been avoided. 

In its final form, the tape duplicator is capable of quite 
astonishing economy and speed in operation. A single 
operator, in one installation which uses a single master play- 
back machine with ten slave duplicators, is able to produce, 
in a single 8-hour working day, without undue hurry, more 
than 1200 hours of recorded material or nearly a full freight 
car of magnetic tape in a single 40-hour work week. At the 
opposite extreme, one or more duplicates of a single master 
tape, contained on a single 7-in. plastic reel, may be made in 
4 minutes. When we consider that a single 7-in. plastic reel 
of magnetic tape may contain a full hour of program material 
at the 7'4-ips tape velocity, or 2 hours at the 334-ips tape 
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velocity, if half-track recording techniques are used, the 
saving in time becomes evident. Of course, as compared 
with disc-record copying techniques, the duplicated tape is 
not only more uniform in quality than the disc, in com- 
parison with the original recording, but the duplicated tape 
is immediately playable without further processing. 

While this duplicator was primarily developed to meet the 
needs of the background-music and broadcasting fields, 
the past year has seen the advent of commercially available 
pre-recorded tapes of the fine musical material which is in 
the tape libraries of the disc-record manufacturers. The 
adoption of the duplicator for this purpose by a number of 
the commercial record companies is gratifying, as is the fact 
that other companies are displaying serious interest in its use. 
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Papers: 


Section Meetings 


Los ANGELES 


Secretary: Fritz Held, 666 W. Harvard, Glendale, California 
“Equalization Considerations in Magnetic Recording,” 
Ross Snyder, Ampex Corporation, May 31, 1955. 


New York 


“Recording in the Congo Forests,” Colin M. Turnbull, 
documentary recordist, May 11, 1955. 

“Acoustic Suspension Loudspeaker for Low-Frequency 
Reproduction,” Edgar Villchur, Acoustic Research, Inc., 
June 14, 1955. 


RENSSELAER POLYTECHNIC INSTITUTE 


Secretary: William Lee Vroom 


A business meeting was held on May 12, 1955, 


ANDREAS KRAMER 


AnpreAs KrAMER was born in S¢gnderberg, 
Denmark, in 1908. Mr. Kramer served as 
foreman in a radio and electrical-instrument 
repair shop in Toronto from 1928 to 1944, 
and from 1944 to 1947 he was Assistant 
Chief Engineer with the British Broadcast- 
ing Corporation in New York City. He 
received his B.A.S. degree from the Uni- 
versity of Toronto, Ontario, Canada, which 
he attended from 1947 to 1951. From 1951 
to the present he has been associated with 
Audio Devices, Incorporated, Glenbrook, 
Connecticut, as an electrical engineer. 

Mr. Kramer is an Associate Member of 


Journal Authors 


the AIEE and Chairman of its Subcom- 
mittee on Industrial Electronics (Connecticut 
Valley Section). He is also an Associate 
Member of the IRE and a registered pro- 
fessional engineer in Connecticut. 


Cuartes D. Linprivce’s biography appears 
in the October 1954 issue of the Journar (2, 
No. 4, p. 265). 


Joun T. Mutwtn’s biography appears in the 
October 1954 issue of the Journat (2, No. 4, 
p. 266). 


Lesiie Norpe 


Leste Norpe was born in Hungary in 1917. 
He completed the RCA Institutes radio en- 
gineering course in 1937. He received a 
BS.E.E. degree from the Cooper Union 
School of Engineering in 1944 and an M.E.E. 
degree from the Graduate School of the Poly- 
technic Institute of Brooklyn in 1953. 

From 1940 to 1944, Mr. Norde was em- 
ployed by the Radio Engineering Labora- 
tories in Long Island City, where he was en- 
gaged in FM broadcast receiver and modu- 
lator design. In 1944, he became associated 
with the Press Wireless Manufacturing Com- 
pany as development engineer and in 1945, 
he was made supervising engineer of that 
company’s engineering laboratory. He super- 
vised the initial electrical design of radio- 
teletype and facsimile transmitting and re- 
ceiving systems. During the years 1947 to 
1951, Mr. Norde was senior project engineer 
for the Northern Radio Corporation of New 
York, where he supervised the complete de- 
signs of space diversity receivers and carrier- 
shift radio teletype transmitting equipment. 
Subsequently, Mr. Norde became principal 
receiver engineer for the Hammarlund Man- 
ufacturing Company. Here he acted as su- 
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pervisor and technical consultant in radio 
receiver design. He is currently a senior staff 
engineer at the Motorola Research Labora- 
tory in Phoenix, Arizona. 

Mr. Norde is a Senior Member of the IRE, 
an Associate Member of the AIEE and of the 
Armed Forces Communications Association, 
and a member of Tau Beta Pi and Sigma Xi. 


Hermon Hosmer Scott 


Hermon Hosmer Scott was born in Som- 
merville, Massachusetts, on March 28, 1909. 
He received the degrees of B.S. and MS. in 
electrical engineering from the Massachusetts 
Institute of Technology in 1930 and 1931, re- 
spectively. From 1931 to 1946, he was asso- 
ciated with the General Radio Company, first 
as sales engineer, then as development en- 
gineer and later as executive engineer in 
charge of development work in audio, acous- 
tics and broadcast equipment. From 1947 to 
date, he has been President and Director of 
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Engineering of Hermon Hosmer Scott, Inc., 
Cambridge, Massachusetts. In addition to 
their regular commercial work, Mr. Scott and 
his organization have engaged in research and 
development projects for the U. S. Navy, 
which have included specialized sound meas- 
uring and analyzing apparatus. 

Mr. Scott is a Member of the AIEE and a 
Fellow of the AES, the IRE, and the Acousti- 
cal Society of America. He is the author of 
numerous technical papers on the measure- 
ment and reproduction of sound and related 
laboratory measuring equipment. He holds 
both U. S. and foreign patents in these fields. 
He also holds patents on the dynamic noise 
suppressor and on RC oscillators and selective 
circuits. His designs for sound level meters 
and associated equipment have won several 
awards. In 1951, he was presented with the 
John H. Potts Memorial Award by the AES. 


WittiaM Borinc SNow 


Wim Bortwnc Snow was born in San 
Francisco, California. He received the de- 
gree of A.B. in 1923 and the E.E. degree 
from Stanford University in 1925. He was 
associated with the Bell Telephone Labora- 
tories, Incorporated, from 1925 to 1941, 
where he worked on the development of a 
stereophonic recording system and on special 
applications of magnetic recording. From 
1941 to 1945 he was Assistant Director of the 
underseas warfare development project at 
the Columbia University Division of War 
Research. Mr. Snow joined the staff of the 
Vitro Corporation of America in 1946 and 
worked on various projects concerned with 
nuclear-energy instrumentation and under- 
water ordnance, among other things. . He 
subsequently became Director of Physical Re- 
search and Development of that company. 

In November 1952, Mr. Snow moved to 
Santa Monica, California, and established a 
consulting practice in acoustics and elec- 
tronics. He is a Member of the AIEE, the 
IRE, the SMPTE, the APS, and the Acous- 
tical Society of America. He holds five 
patents on stereophonic reproduction and 
recording. Throughout his career, Mr. Snow 
has published numerous papers. 


Biographies of R. H. Snyper and S. J. 
Wuire will appear in a subsequent issue of 
the JouRNAL. 
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The inaugural issue of the JouRNAL OF THE 
Aupio ENGINEERING Soctety is expected to become 
a collector’s item. 

Copies of this first issue are still available: Price 
to members, $2.00 each. Price to non-members, 
$4.00 each. 

All other back issues (April, July, and October, 
1953; January, April, July, October, 1954; Janu- 
ary and April, 1955) are $1.00 each to members 
and $2.00 each to non-members. 


Please address orders to the 


Audio Engineering Society 
P. O. Box 12 
Old Chelsea Station 
New York 11, N. Y. 
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SUSTAINING MEMBERS 


Grateful thanks of the Audio Engineering Society are hereby extended 
to the following organizations which, as sustaining members of the Society, 
help make this publication possible. These organizations are: 


Atec Lansinc CorporaTION 

Ampex CorporaTION 

Avupio Devices, INc. 

Aupio 

-Aupio & Vwwe0 Propucts Corporation 
Beit Sounp Systems, INc. 


BeERLANT CONCERTONE, Aupio Division 
or AMERICAN ELECTRONICS, INC. 


Davw Bocen Co., INc. 

British INDUSTRIES CORPORATION 
Caprrot Recorps, INc. 
Cotumsis Recorps, INc. 
CoMPONENTS CORPORATION 

Tue Daven Company 
DicraPHONE_CorPORATION 
GorHaM REcorpING CorPorATION 
Harvey Rapio Company, INc. 
Hicu Fweuiry 

McInrtosH Lasoratory, INc. 


MEASUREMENTS CORPORATION 


PERMOFLUX CoRPORATION 
Picxerinc & Company, INc. 
Presto REcoRDING CoRPORATION 
Reeves Sounp Srupios, INc. 
Reeves SOUNDCRAFT CorRPORATION 
Recency Drvision oF I.D.E.A., Inc. 
Rex-O-Kut Company 
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